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The harmonic components in the complex tone heard 
when a sinusoidal electric current is passed through the 
head were measured by the method of “‘best beats.” The 
relative intensity of these components was determined with 
and without a polarizing d.c. simultaneously applied. 
With no d.c. the observer hears only the second harmonic 
of the stimulating frequency, but in the presence of a d.c. 
he hears the fundamental as well. The quantitative rela- 
tions between the perceived harmonic components and the 
polarizing current demonstrate that the response of the 
ear to electrical stimulation follows a square law. On the 
assumption that the eardrum is moved by electrostatic 


pressure whenever there is a difference of potential between 
the eardrum and the inner surface of the middle ear, it is 
possible to account for the square-law response, and for 
certain other aspects of the electrophonic effect. The 
middle ear appears, therefore, to behave as a condenser 
receiver. The large amount of distortion which normally 
prevents an observer from understanding a radio broadcast 
when the electrical output of a radio receiver is passed 
directly through his head can be reduced by the application 
of a polarizing d.c. Under this condition speech and music 
can be heard with great clarity. 





INCE Volta! first connected a battery of 30 

or 40 cells to two metal rods inserted into his 
ears and received a jolt in the head followed by a 
noise like the boiling of thick soup, many ex- 
perimenters? have produced a sensation of hear- 
ing by passing an electric current through the 
head. Several theories have been advanced to 
account for the ability of the ear to respond to an 


' A. Volta, ‘On the Electricity Excited by Mere Contact 
of Conducting Substances of Different Kinds,’’ Trans. Roy. 
Soc. Phil. 90, 403-431 (1800). 

_* For additional references see: G. V. Gersuni and A. A. 
Volokhov, ‘‘On the Electrical Excitability of the Auditory 
Organ on the Effect of Alternating Currents on the Normal 


Auditory Apparatus,” J. Exper. Psychol. 19, 370-382 
(1936). —— 


alternating electrical potential. Most theories 
have nominated the inner ear or some mechanism 
within the cochlea as the transducer of the 
electrical energy, but, as to the precise nature of 
the mechanism and its action, the theories have 
been cautiously vague. 

Stevens*® insisted that the perception of a 
pitch corresponding to the frequency of the 
stimulating current indicates that the electrical 
energy is transformed into mechanical energy, 
and he suggested the possibility of an electro- 
static transducer in the inner ear. A later sugges- 


3S. S. Stevens, “‘On Hearing by Electrical Stimulation,” 
J. Acous. Soc. Am. 8, 191-195 (1937). 
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Fic. 1. Diagram of the circuit. The audio-oscillator is a General Radio type 713-A; the vacuum- 
tube voltmeter a General Radio type 726-A. 


tion’ was that the hair cells in the organ of Corti 
might perform the transduction by reason of a 
piezoelectric effect. Neither of these hypotheses 
was backed by any very positive evidence, 
however. 

The present experiment, consisting of an ex- 
perimental analysis of the electrophonic effect, 
leads us to the conclusion that the requisite 
mechanical motion in the ear is produced by an 
electrostatic action, but that the electrostatic 
transducer is located in the middle rather than 
the inner ear. Measurement of the harmonic 
distortion heard under electrical stimulation and 
of the threshold potential for the electrophonic 
effect permits us to believe that the middle ear 
acts precisely as a condenser receiver. 


THE PROBLEM OF DISTORTION 


Tones heard by electrical stimulation lack 
the purity of tones heard in the usual way. 
In fact, observers are often able to identify the 
pitch of a tone as an octave higher than the 
stimulus frequency. Craik, Rawdon-Smith and 
Sturdy® demonstrated that an observer hearing 
only the second harmonic of an alternating 
current can be made to hear the fundamental 
when a direct current is passed simultaneously 
through the ear, or when the alternating current 
is passed through a half-wave rectifier before 
reaching the ear. What we need to know is the 
precise nature of the distortion produced with 
and without a polarizing direct current. 

4S. S. Stevens and H. Davis, Hearing (Wiley, New 
York, 1938). 

5K. J. W. Craik, A. F. Rawdon-Smith and R. S. Sturdy, 


“Note on the Effect of A. C. on the Human Ear,” Proc. 
Physiol. Soc. May 1937, 3-5. (Bound with J. Physiol. Vol. 90.) 


The apparatus diagrammed in Fig. 1 made it 
possible to stimulate the ear with a highly pure 
sinusoidal voltage and simultaneously to polarize 
the ear with a direct current whose magnitude 
and direction could be regulated by a potentiome- 
ter. These currents were applied to the ear in the 
usual way: the ear was filled with salt solution 
(half-molar), a small brass electrode was inserted 
into the solution, and another electrode, a brass 
plate, was applied to the wrist with a conducting 
paste. The various meters shown in the circuit 
measured simultaneously and independently the 
alternating and direct currents and _ voltages 
applied to the ear. A correction was made in the 
reading of the d.c. voltmeter to compensate for 
the voltage drop in the 100-henry choke in series 
with it, but no correction was found to be needed 
for the a.c. measurements at the frequencies 
employed in the experiment. In other words, the 
alternating current drawn by the circuit to the 
left of the oscillator was negligible, compared to 
the current drawn by the observer. 

With the oscillator generating a 1000-cycle 
tone, the striking effect on the auditory sensation 
of a polarizing d.c. voltage can readily be shown 
by varying the potentiometer, P. The observer 
finds a value at which the fundamental tone in 
the complex he is hearing appears completely to 
disappear, leaving the second harmonic clearly 
audible. The experience is much like that of 
making auditorily a null balance on an a.c. 
bridge: as the potentiometer is turned to either 
side of the null point, the fundamental tone 
emerges, and as the d.c. potential is increased, 
the fundamental grows to a loudness greater than 
that of the second harmonic. The null point at 
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which the fundamental disappears is neither the 
point at which the d.c. potential on the ear is 
zero, nor the point where the d.c. vanishes. For 
one observer, stimulated by a 1000-cycle tone, 
the null point was reached when the ear was 
0.2 volt positive, and this value increased to 
about 0.3 volt during the first 30 minutes of the 
experiment. When the potential applied to the 
ear was reduced to zero, this observer clearly 
heard the fundamental as well as the second 
harmonic. For most other observers the null 
point for the fundamental was nearer zero 
potential ; and in this difference in the location 
of the null point we have an explanation of the 
fact that, when no polarizing voltage is applied, 
some observers hear the fundamental, whereas 
others hear only the second harmonic. A differ- 
ence in the sensitivity of the ear to the fre- 
quencies of the fundamental and the second 
harmonic will also cause this effect. 

The position of the null point changes some- 
what with frequency. In general, a distinct null 
point can be found for frequencies below about 
5000 cycles, but above this frequency the ob- 
server usually hears the fundamental at all 
polarizing potentials. Under no conditions did 
our observers hear a pitch below that of a 
frequency of about 300 cycles. This pitch was 
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Fic. 2. Showing how the relative intensity of the first and 
second harmonics of the sound electrophonically perceived 
varies with a d.c. polarizing voltage. The a.c. voltage 
across the electrodes was held constant at two volts. The 
plus and minus signs indicate the polarity of the ear under 
the polarizing voltage. 
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produced by a stimulating current of 150 cycles, 
and what the observer heard was the second 
harmonic. Even with a polarizing d.c. voltage 
the lowest perceived pitch was not reduced below 
about 300 cycles. In other words, the funda- 
mental was never heard for a stimulating fre- 
quency of less than about 300 cycles. (In an 
earlier experiment? observers heard a stimulating 
frequency of 125 cycles, but presumably they 
were perceiving the second harmonic.) 

Since small voltages are always produced at 
electrode boundaries and in the body of the 
observer, one might expect that the null point for 
the fundamental would occur when _ these 
voltages are just equal to the applied d.c. 
potential, or when the net potential is zero. This 
expectation is partly, but not entirely, borne out. 
The net potential between the electrodes was 
brought to zero, as shown by zero current through 
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Fic. 3. Same as Fig. 2, but for 2000 and 4000 cycles. The 
solid lines are for the first and the dashed lines are for the 
second harmonic in each case. 


the microammeter in series with the ear, when a 
positive potential of 0.13 volt was applied to the 
ear. The difference between this value of 0.13 volt 
and the 0.2-0.3 volt needed to extinguish the 
fundamental can probably be attributed to a 
slight rectification occurring between the elec- 
trodes. (See Appendix.) 

We turn now to a consideration of the type of 
distortion produced under electrical stimulation 
of the ear. In order to determine the relative 
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sizes of the harmonic components acting on the 
ear, we used the so-called method of ‘‘best beats.”’ 
Another oscillator produced a tone in an earphone 
applied to the head of the observer, near the ear 
being stimulated electrically. (The observer’s 
other ear was stopped off.) When the tone in the 
earphone was near in frequency to a tone pro- 
duced by electrical stimulation, pronounced 
beats could be heard, and these beats reached 
their maximal prominence at a particular in- 
tensity of the tone in the earphone. This point of 
maximal prominence is not very sharp, but with 
care and patience, an observer can _ usually 
determine upon a subjective criterion which will 
allow him to make settings which are reproducible 
to within a few decibels. Assuming that the beats 
are maximally prominent when the intensities of 
the two beating tones bear a fixed relation, we 
have a means of determining the relative 
amplitudes of the tones heard in the electrophonic 
effect. The procedure consisted of turning off the 
electrical stimulation after the audible sound had 
been adjusted to “best beats,’’ and then meas- 
uring the attenuation necessary to reduce the 
audible sound to threshold. This amount of 
attenuation measures the sensation-level of the 
tone from the earphone which yields “best 
beats.”” This sensation-level is used as the 
ordinate in Figs. 2 and 3. 

The curves in Figs. 2 and 3 were obtained for 
the left ear of one of the authors (S. S. S.). The 
sensation-level giving the best beats with the 
fundamental and with the second harmonic was 
determined for various values of polarizing 
voltage applied to the ear. This voltage was 
measured from the null point where the funda- 
mental disappeared, and it was found that the 
polarity of this voltage made no difference to the 
result (see Fig. 2). 

At the null point (zero voltage in Figs. 2 and 3), 
where the observer does not report hearing the 
fundamental, beats are nevertheless obtained 
between the fundamental and the tone externally 
applied. This fact is not surprising, for it is well 
known that beats may be heard between two 
tones that are separately inaudible. Because of 
the criterion adopted by the observer in adjusting 
for ‘‘best beats,’’ the ordinate scales in Figs. 2 
and 3 do not give precisely the sensation-levels of 
the electrically generated tones, but only of the 
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tones produced in the earphone. Nevertheless, jt 
is clear that when the observer reports hearing 
nothing but the second harmonic, a minute, syb. 
threshold stimulation occurs at the fundamental] 
frequency. 

Two facts are apparent from Figs. 2 and 3: (a) 
the amplitude of the fundamental grows steadily 
as the polarizing potential on the ear is raised, 
but (b) the second harmonic remains unaltered. 
These important features of the response were 
checked on three other observers. 

Another important fact is that a careful and 
exhaustive search with the method of beats 
failed to reveal the presence of any harmonics 
higher than the second. 


THE HEARING OF SPEECH AND Music 


The findings of this experiment, together with 
those of Craik, Rawdon-Smith and Sturdy, 
suggest clearly that the excessive distortion which 
balked the earlier attempt of Stevens* to under- 
stand speech when the audio-output of a radio 
receiver was passed directly through the head 
can be eliminated by the use of a suitable 
polarizing potential. We tested this possibility by 
replacing the oscillator, shown in Fig. 1 by the 
output terminals of a radio receiver. With no 
polarizing voltage the observer heard speech as 
an unintelligible sequence of sounds, but as soon 
as a d.c. potential of about 1.5 volts was applied, 
the speech became dramatically clear and 
understandable. Music likewise improved in 
quality. A reasonably pleasant half-hour was 
spent listening to Fred Allen’s program. 


THEORY 


The behavior of the first two harmonics in a 
tone electrophonically perceived leads to certain 
definite conclusions as to the mechanism of 
electrophonic perception. If the response of the 
ear to the electric signal were linear, the perceived 
sound would contain only the components of the 
stimulating current. Since such is not the case, 
some nonlinearity is present, and the essential 
nature of this nonlinearity is revealed by the data 
plotted in Figs. 2 and 3. Let us assume that the 
response is exactly proportional to the square of 
the instantaneous voltage. If we express as 
harmonic components the square of the sum of a 
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Fic. 4. Showing how the division of voltage varies with 
frequency when one volt is applied across the wrist and ear 
electrodes. The ‘‘mouth-ear” voltage is that between a 
probe in the mouth and a probe in the salt solution filling 
the external ear; the ‘‘mouth-wrist’’ voltage is that 
between the wrist electrode and the probe in the mouth. 
The voltage between the probe in the ear and the ear 
electrode was less than two percent of the applied voltage. 
These data were taken after the salt solution had been in 
the ear for one hour. 


d.c. voltage, a, and a sinusoidal voltage, 0 sin wt, 
we have 


(a+b sin wt)? =a?+ 50? 
+2ab sin wi+3b? cos 2wt. (1) 


The response contains a fundamental whose 
amplitude is proportional to the d.c. voltage and a 
second harmonic whose amplitude is independent 
of the d.c. voltage. Furthermore, there are no 
higher harmonics. These predictions, on the 
assumption of a square-law response, fit the 
experimental situation precisely, except that the 
observed fundamental does not go completely to 
zero when the d.c. voltage is adjusted to make the 
fundamental a minimum. The fundamental does, 
however, decline to a value below threshold 
where it can be detected only by the method of 
beats. This small residual may be a product of 
rectification occurring slightly out of phase with 
the stimulating current. 

The close agreement between the experimental 
results and the predictions of a square-law re- 
sponse lead us to consider what effects there are 
that are proportional to the square of the applied 
current or voltage. Among the several effects 
satisfying this criterion are: heat production 
(utilized in the thermophone), electrostrictive 
forces and electrostatic forces. The piezoelectric 
effect, however, is not such a phenomenon. Of all 
the effects we have been able to consider, the 
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electrostatic effect appears best to fit the require- 
ments of both theory and experiment. And the 
small condenser formed by the tympanic mem- 
brane (eardrum) and the opposite wall of the 
middle ear suggests itself as the locus of the 
electrostatic effect. Whenever there is a difference 
of potential (regardless of sign) between the 
eardrum, or the salt solution outside it, and the 
wall of the middle ear opposite the eardrum, there 
will be an electrostatic force of attraction between 
them. Thus the eardrum will be drawn inward 
during each half-cycle of an alternating potential, 
and we see at once why the observer hears 2000 
cycles when a 1000-cycle current is passed 
through his head. 

Furthermore, certain quantitative predictions 
are borne out by the assumption that the 
electrophonic effect results from the fact that the 
middle ear is the equivalent of a condenser 
receiver. Some of these quantitative agreements 
we shall discuss later. 


THE ELECTROPHONIC THRESHOLD 


Previous measurements of the electrophonic 
threshold have been stated in terms of the 
current? or the power® passing between the two 
electrodes applied to the observer. If, however, 
we hypothesize an electrostatic transducer in the 
middle ear, it is clear that what we want to know 
is the smallest difference of potential across the 
transducer that will produce an auditory sensa- 
tion. The potential applied to the electrodes is 
not the potential appearing across the middle 
ear, because there is a voltage loss at the elec- 
trodes and through the body. The voltage drop 
through the body is negligible, however, com- 
pared to that occurring through the skin at the 
electrodes. Consequently, the effective a.c. volt- 
age appearing across the electrostatic transducer 
in the middle ear can be measured with a vacuum- 
tube voltmeter by placing a probe in the mouth 
and another in the salt solution filling the external 
ear. The percentage of the applied voltage which 
appears across the middle ear and is presumably 
effective in moving the eardrum is shown in Fig. 4 
by the curve labeled “‘mouth-ear.”’ The remainder 
of the potential drop occurs almost entirely at the 
electrode on the wrist and is measured from the 
wrist to the mouth; the voltage drop between the 
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Fic. 5. Showing how the electrical threshold varies with 
the perceived frequency. The upper curve, determined by 
the solid circles, shows the voltage across the middle ear 
needed to make the observer hear the second harmonic 
when the first harmonic has been suppressed by the proper 
d.c. polarizing voltage. The abscissa shows the frequency 
perceived under these conditions—the applied frequency 
was always an octave lower. The lower curve shows the 
voltage needed to make the observer hear the fundamental 
when a d.c. polarizing voltage of 1.2 volts is simultaneously 
applied between the electrodes. In this case, the applied 
frequency is indicated by the abscissa. The open circles 
near the upper curve show the threshold for the second 
harmonic as computed from the threshold for the funda- 
mental (see text). 


ear electrode and the ear probe was found to be 
very small. 

Now, by adjusting the d.c. polarizing potential 
on the ear to the null point, where the funda- 
mental disappears, the threshold for the second 
harmonic can be measured in terms of the 
voltage across the middle ear. The threshold 
voltages at various frequencies for the observer 
(S. S. S.) are shown by the upper curve in Fig. 5. 
Then, with a d.c. polarizing potential of 1.2 volts 
applied to the ear, the threshold potential for the 
hearing of the fundamental was determined. 
These values are shown by the lower curve in 
Fig. 5. In determining thresholds the observer 
adjusted an attenuator, in steps of two decibels, 
until the perceived tone just disappeared, and the 
experimenter then measured the a.c. voltage 
between the probes in the mouth and ear. 

When measuring the threshold for the second 
harmonic, the observer finds that a given change 
in attenuation has a much more impressive 
effect on the loudness of the tone than an equiva- 
lent change has on the loudness of the funda- 
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mental when the ear is polarized. The square-lay 
explains why this is true: the intensity of the 
second harmonic is proportional to the square of 
the alternating potential, whereas the intensity 
of the fundamental is proportional merely to the 
first power of this potential. 

The square-law also explains why the adjust. 
ment of the polarizing potentional to its null 
point is so extremely critical when the threshold 
of the second harmonic is being measured. If the 
adjustment is not at the null point, attenuation 
of the sound will reduce the second harmonic to 
threshold but leave the fundamental plainly 
audible—an effect extremely confusing to the 
observer. That this should happen is plain from 
Eq. (1). When the d.c. potential, a, is appreciable 
in magnitude, the amplitude, 36°, of the second 
harmonic may drop below threshold sooner than 
the amplitude, 2ab, of the fundamental. Thus, 
from the values presented in Fig. 5 it can be 
shown that, if the null point is in error by more 
than 0.15 volt, the second harmonic will be 
attenuated below threshold before the funda- 
mental. Since the null point is not independent of 
frequency, a separate adjustment of the polarizing 
voltage must be made at each frequency. 

One more relation between the curves in Fig. 5 
deserves attention. If the assumption of a square- 
law relation between voltage and pressure is 
correct, it follows from Eq. (1) that the threshold 
of the first and second harmonics, giving the 
same perceived pitch, should be related by 


2ab,= (be), (2) 


where a is the d.c. voltage across the middle ear, 
and 6; and d2 are the peak voltages, at threshold, 
of the first and second harmonics, respectively. 
Since the voltages actually measured across the 
middle ear are r. m. s. values, we can write 


(by)? = 2.8aby’, (3) 


where the primes stand for r. m. s. values. 

The direct measurement of the d.c. potential, 
a, across the middle ear offers certain difficulties, 
but we can determine what percentage of the 
voltage across the electrodes occurs across the 
middle ear by extrapolating to zero frequency the 
curves in Fig. 4. We find thereby that a is 55 
percent of the applied d.c. voltage. Consequently, 
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for the experimental situation giving the data 


of Fig. 5, 
a=1.2X0.55=0.66 volt 


“ai (bo’)?= 1.85)’. 


The values of be’ were computed by taking as 
the values for b,’ the data for the threshold of the 
fundamental, shown in Fig. 5; these values for bo’ 
have been plotted as open circles in Fig. 5. The 
agreement between the computed and the-meas- 
ured threshold for the second harmonic is 
certainly within experimental error. 


THE ABSOLUTE PRESSURE THRESHOLD 
OF THE EAR 


If the forces activating the auditory mechanism 
under electrical stimulation are generated by an 
electrostatic action across the middle ear, and 
if the threshold potentials are known, it should be 
possible to utilize the physical dimensions of the 
ear and calculate the absolute pressure on the 
eardrum at threshold. The procedure is analogous 
to that used in the electrostatic calibration of a 
condenser microphone. 

We know from electrostatic theory that the 
pressure on a conducting surface due to an 
electric field is 270”, where o is the density of the 
surface charge (measured in electrostatic units) 


induced by the field. Thus 
p=2ro* dynes/cm?. (4) 
We have also from electrostatic theory that 
E=4no, (S) 


where E is the electric field at the surface. By 
eliminating o between (4) and (5), we obtain 


p= FE? /8r dynes/cm?. (6) 


Now, in order to obtain the relation between 
the electric field at the eardrum and the voltage 
across the middle ear, we must resort to a 
simplifying approximation. Fig. 6 represents 
diagrammatically a cross section of the middle 
ear. The voltage measured between the probes 
in the mouth and the external ear exists pre- 
sumably between the eardrum and the promon- 
tory. These two surfaces form a condenser whose 


*D. J. Cunningham, Textbook of Anatomy (William 
Wood, New York, 1923), fifth edition, p. 826. 
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plates are of irregular form. The rather strong 
curvature of the tip of the membrane will make 
the “‘lines of force’ concentrate there—that is to 
say, the field at the tip will be much stronger than 
it would be if the middle ear formed a plane- 
parallel condenser with a separation of about 1.5 
mm. Since the pressure is proportional to the 
square of the field, and since the tip is the most 
sensitive part of the membrane, we shall not be 
far wrong if we take the average effective pressure 
on the eardrum as equal to the pressure on the 


plates of a plane-parallel condenser with a 
separation of 1.5 mm. This is only a rough 
approximation, of course, but it is the best that 
can be made without an extended analysis. 
We then have 
E=V/0.15 


in electrostatic units, or if V is expressed in volts, 
E=V/300X0.15= V/45. (7) 
Then by Eqs. (6) and (7), we have 
p=0.00020 V? dyne/cm?. 


This is the relation between the instantaneous 
values of p and V. If we use r. m. s. values for p 
and V, we have 


p=0.00028 V? dyne/cm?, (8) 


where V is measured in r. m. s. volts. 






EXTERNAL EAR 





PROMONTORY 


Fic. 6. A simplified diagrammatic cross section of the 
middle ear. The essential features are to scale. 


Since the threshold voltage for the second 
harmonic (see Fig. 5) is about 0.2 volt, the 
corresponding threshold pressure is 


p=0.00028 X 0.04 = 0.000011 dyne/cm?. 


This value for the threshold of minimum 
audible pressure computed from the electrical 
threshold differs from the value reported for 
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average ears when stimulated by a sound wave 
(see Stevens and Davis’) by about 30 db. (The 
reported threshold is about 0.0003 dyne/cm?.) 

Several factors might contribute to this dis- 
crepancy. (1) The approximation used to obtain 
Eq. (7) is only a rough one; it may well be in 
error by a factor of 2, which would change the 
threshold pressure by a factor of 4. (2) The 
absolute pressure threshold of this observer is 
unknown, but comparison of his with other ears 
has shown his sensitivity to be better than 
average. (3) The thresholds of minimum audible 
pressure reported in the literature have been 
determined by methods involving both large 
extrapolations and questionable assumptions,‘ 
and it is not impossible that in this electrical 
method we have a superior method of measuring 
the absolute pressure threshold of the human ear. 

On the other hand, the form of the curves in 
Fig. 5 is not precisely that of the typical threshold 
curve. Consequently, agreement between the 
electric and acoustic thresholds at one frequency 
implies disagreement at another. In particular, 
we have been unable to account, on the basis of 
the theory presented here, for the insensitivity of 
the ear under electrical stimulation for tones of 
low frequency. Why does the observer hear no 
pitches below that of a 300-cycle tone? The 
presence of the salt solution in the external ear- 
canal certainly alters the acoustic impedance of 
the system, but precisely to what extent remains 
to be investigated. 


DISCUSSION 


In the present experiment we have demon- 
strated that the response of the ear to a.c. 
stimulation follows a square-law. In order to 
account for this square-law response, we have 
suggested that the middle ear acts as an electro- 
static transducer.’ 


7 Reference 4, p. 43. 

8L. J. Sivian and S. D. White, ‘On Minimum Audible 
Sound Fields,’”’ J. Acous. Soc. Am. 4, 288-321 (1933). 

® We propose the hypothesis that the middle ear acts 
as an electrostatic-transducer despite the statement by 
Hallpike and Hartridge that “the possibility that the 
tympanic membrane and ossicles are concerned in the 
production of the phenomenon has been excluded by 
Perwitzschky (1930) and by Gersuni and Volokhov (1934), 
who describe its persistence following the surgical removal 
of these structures” (see C. S. Hallpike and H. Hartridge, 
“On the Response of the Human Ear to Audiofrequency 
Electrical Stimulation,’’ Proc. Roy. Soc. London B123, 
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Although the somewhat exacting procedure 
required to obtain the data of this experiment 
was carried out extensively for only one observer 
(S. S. S.), the principal facts were checked on 
three other subjects. Among these different ob. 
servers the electrophonic threshold was the chief 
source of variability. Some ears hear a tone at low 
applied voltages, others require very nearly the 
voltage which produces an electric shock. (A 
variability of about 15 db was found among 
seven observers in an earlier experiment.’) If 
electrophonic perception depends upon an electro- 
static transducer in the middle ear, then the 
sensitivity of an ear to electrical stimulation wil] 
be directly related to its sensitivity under ordi- 
nary acoustic stimulation. This expectation is 
realized in the case of the two authors who differ 
greatly in sensitivity for electrical stimulation 
(extreme variation of about 30 db). Almost the 
same differences in sensitivity show up when both 
are tested with an air-borne sound wave. 

Another cause of variation among observers 
may well be differences in the effective separation 
of the ‘‘plates’’ forming the condenser in the 
middle ear. The role of this factor is difficult to 
evaluate. 

Another prediction from our present hypothesis 
is that persons suffering from middle-ear (trans- 
mission) deafness and having a hearing loss of 
more than 30 db will not experience the electro- 
phonic effect, even though their hearing by bone 
conduction is normal. A case of this sort was 
tested by Stevens in 1936 (unpublished) in an 
effort to determine whether the electrophonic 
effect could be substituted for bone conduction 
as a differential test of deafness, and, as we 
should now suppose, the subject was unable to 
hear by electrical stimulation at any voltage he 
could tolerate. 

Finally, it should be pointed out that if our 
hypothesis is correct, it takes the problem of 
electrophonic perception out of the inner ear, and 


177-193 (1937). The fact that an electrophonic effect 
occurs in the absence of the eardrum does not prove 
that the eardrum, when present, does not act as the dia- 
phragm of a condenser receiver. It does demonstrate, 
however, that the eardrum is not the only mechanism that 
can mediate an electrophonic effect. Nevertheless, it 
should here be pointed out that, if we are to insist upon a 
single mechanism to account for hearing by electrical 
stimulation under all conditions, we shall have to revise 
the hypothesis advanced in the present paper. 
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Fic. 7. Showing how the resistance of the skin lining the 
external ear-canal decreases with frequency. The ordinate 
is the total voltage between the ear and wrist electrodes 
required to maintain one volt between the probes in the 
mouth and ear. As the resistance of the skin falls the 
applied voltage must be increased. 


places it in the middle ear. It also precludes the 
possibility of assuming that the electrical 
stimulus affects directly either the sensory 
endings in the organ of Corti or the fibers of the 
auditory nerve. It shows that electrophonic 
perception is not the inverse of the cochlear 
microphonic, as was earlier proposed.*: 4 


APPENDIX 


There is a plausible explanation for the fact 
that the null point at which the fundamental is 
reduced below threshold does not occur at zero 
direct current to the ear. The skin lining of the 
ear-canal undoubtedly has some rectifying action 
on the a.c. passing through it. This rectification 
will cause to be superposed on the sinusoidal 
component of the voltage across the condenser 
in the middle ear, a small component of half-wave 
rectified a.c. Of course, the rectification will not 
be exactly linear, but we may take it as linear for 
a first approximation. 

If 6 is the amplitude of the main sinusoidal 
component, we may take kd as the amplitude of 
the rectified component. This component is 
small, so that k is much less than one. The 
Fourier resolution of a half-wave rectified signal 
of amplitude kb is: 


kb(1/r+3 sin wt 
+terms in the even harmonics only). 
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The square-law response of the ear is then: 


[a+b sin wt+kb(1/r+3 sin wi+---) P 
= (a?+40?)+2ad sin wt+ 4b? cos wt 
+2kb(a+b sin wt)(1/r+ 4 sin wi+---) 
+negligible terms of order (Rb)?. 


The number & is small and may be of either sign. 
We find now, in addition to the chief term con- 
taining sin wf, another one which is independent 
of a: 
(2kb?/7) sin wt 


and we find that the two terms cancel, not when 
a=0, but when 


a=—kb/r. 


During the first thirty minutes of the experi- 
ment, the lining of the ear-canal became water- 
soaked, and the resistance dropped slightly. Fig. 
7 shows the a.c. voltage across the electrodes 
which was found necessary to maintain one volt 
between the probes (in mouth and ear), plotted 
against the number of minutes after the ear was 
filled with salt solution. The data were taken at 
1000 cycles. 

This drop in resistance explained the fact that 
in taking the data for Figs. 2 and 3, we had to 
wait half an hour before we could obtain reliable 
results. During the first thirty minutes we had 
noticed (1) a drop of about five db in the sensa- 
tion-level of the second harmonic, (2) an increase 
of about 15 percent in the current required for 
constant voltage between the electrodes, and (3) 
an increase in the d.c. voltage at the null point 
(for minimal fundamental) from about 0.07 to 
0.2 volt above the d.c. voltage required for zero 
direct current. 

This last increase can be explained on the 
basis of rectification only by assuming that the 
amount of rectification increased as the skin of 
the ear-canal became wet. This assumption seems 
not unreasonable. 
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On Sound Localization* 
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HE two factors governing sound localization 

which have been seriously discussed in 
recent years are time difference and intensity 
difference. Both are supposed to have the same 
effect : they determine the lateral angle of a given 
sound to the one side or the other. With in- 
creasing time difference the perceived sound is 
located more and more to the side where the 
stimulation occurs first, and with increasing 
difference of intensity, the sound is said to 
appear further and further toward the side of 
the stronger stimulation. : 

These so-called primary cues for sound local- 
ization convey merely the angular distance of the 
given sound from the median plane or, more 
conveniently, from the axis of the ears. This 
angle from the aural axis we shall call the lateral 
angle. In the horizontal plane the primary cues 
derived from sound in a certain direction conse- 
quently determine a pair of possible directions. 
One of them might be perceived as well as 
the other. And indeed in the laboratory one 
frequently finds reversals of sound direction 
between front and back resulting from this 
ambiguity. 

Sound localization, however, is not a problem 
confined to a plane. We do distinguish different 
elevations of the source of sound. Here the 
primary cues serve to determine not only two 
but a multitude of equivalent sound directions. 
If, for instance, a sound direction is given which 
lies on the right, entirely to the side, not in the 
axis of the ears but 45° above the horizontal 
plane, the primary factors will indicate nothing 
but that the sound is on the right side about 45° 
away from the aural axis. Consequently it might 
be heard, for instance, in the horizontal plane 


*This paper was presented at the meeting of the 
Acoustical Society on May 2, 1938. The work was also 
reported in part at a meeting of the Philadelphia Experi- 
mental Psychologists on November 12, 1937. Reference 
to its essential principles appears in Stevens and Davis’ 
book, Hearing (p. 180), although the authors do not 
mention the source of their information. The writer wishes 
to express his appreciation to Dr. Edwin B. Newman for 
his aid in preparation of this manuscript. 
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45° to the side as well as in the actually given 
elevated direction. Moreover, all directions of 
45° angular distance from the right pole of the 
aural axis are equivalent in that respect. If any 
one of them is actually given, any one of them 
could be perceived. Taken together they form a 
geometrical locus which has the shape of a cone. 

So we have to look for another factor which 
could help to complete localization. It must be 
determined which of all the directions rendered 
possible by the primary factors is actually given, 
and consequently which is the proper one to be 
perceived. There is one thing we can say about 
this new factor: It ought to be of such a nature 
that it can work together with those which 
determine the lateral angle. In the various 
experiments done in the field of sound localiza- 
tion it should have occurred now and then that, 
by some chance, the factors determining the 
lateral angle were present, but the factor to be 
discovered was lacking. If they functioned inde- 
pendently of each other, now and then a ring- 
shaped region of possible sound directions as 
determined by the known factors should have 
been perceived as such. Yet it has never hap- 
pened, which seems to indicate that the two 
groups of factors, the known ones which convey 
the lateral angle, and the ones to be sought, 
work intimately together and are perhaps even 
of the same nature. There seems to be only one 
solution of our problem which is in accordance 
with this consideration: One obtains the cues 
for a number of lateral angles for the same sound 
direction by turning one’s head while the sound 
is being given. Geometrically, a sequence of 
lateral angles obtained in this manner completely 
determines a given direction, as shown in the 
next paragraph, and the experiments to be 
reported indicate that the perception of sound 
direction actually works on this principle. 

We shall confine the following geometrical 
considerations to idealized head movements 
where the head revolves around a constant axis 
so that the ear axis shifts in one plane. If this 
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constant axis is vertical, and the given sound 
direction horizontal, the lateral angle of the 
sound changes by the same amount as that by 
which the ear axis, in a given head movement, 
changes its position in space. This is different 
when the locus of the sound is elevated. In the 
limiting case where it is vertically above the 
observer (i.e., in the direction of the axis of the 
head movement) the sound direction remains 
rectangular to the ear axis for all positions of the 
head, and the lateral angle does not change at all. 
If the sound direction is obliquely elevated the 
lateral angle is altered by the head movement, 
but the change of the lateral angle is smaller 
than the corresponding change of the position of 
the ear axis. Where y stands for the lateral angle 
and 6 for the angular displacement of the ear 
axis, dy/d8 decreases with increasing elevation 
of the sound direction. It has the value 1 when 
the sound source is located in the equatorial 
plane of the head movement, and the value 0 
when the angle of elevation is 90°. Two directions 
of the same elevation, one in front and the other 
in the rear, will undergo opposite changes of 
lateral angle for one given head movement. When 
the head is being turned to the right, a source of 
sound in front will approach the left pole of the 
ear axis; a source of sound in the rear will 
approach the right pole. There remains still an 
ambiguity in the determination of the direction, 
namely, on which side of the equatorial plane of 
the head movement the direction is located. 
Obviously, two directions in symmetrical posi- 
tions with respect to the equatorial plane yield 
the same sequence of lateral angles. For discrimi- 
nation between these two equivalent directions 
another head movement around a different axis 
is required. The excursion of this second move- 
ment can be comparatively small because it has 
only to yield this discrimination and does not 
have to furnish data for an established direction ; 
thus a slight deviation of the shift of the ear 
axis from its plane should be sufficient. Since a 
natural head movement never consists in a 
revolution around a constant axis, the case is 
well provided for. 

According to our analysis, the direction of the 
source of sound is given by a sequence of lateral 
angles procured by a movement of the head 
while the sound is heard. If this is actually so, 
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we should be able to achieve an experience of a 
certain sound direction by presenting during a 
head movement the proper sequence of lateral 
angles by any means whatsoever. It has been 
shown above that every lateral angle can be 
represented by a great number of single direc- 
tions, every one of which is equivalent in that 
respect. So it should be possible to present during 
a head movement a sequence of lateral angles 
representing a certain sound direction without 
presenting the sound direction itself. Such a 
synthetic production of a sound direction would 
prove that sound localization really works on 
the principle we have outlined. 

When the observer turns his head about the 
vertical axis, the direction of a sound vertically 
above is characterized in such a way that the 
lateral angle remains 90° for any position of the 
head. In order to produce this essential condition 
we have only to provide that during such a head 
movement the sound always stays at a right 
angle to the aural axis. Actually, the sound may. 
be presented in the horizontal plane; if, in 
keeping with the head movement, it shifts in 
the horizontal plane so that it is at any moment 
in a median position, the observer will hear the 
sound straight above his head. 

The apparatus we used for this and similar 
experiments yielded shifts of the actually given 
sound which were directed by the head move- 
ment itself. Twenty loudspeakers were arranged 
in an arc around the observer. His head was 
attached to a switch, in which a contact spring 
slid over a series of contact points when he 
turned his head. Each of these contact points 
was connected to one of the loudspeakers so that, 
while the spring slid over the contact points, the 
loudspeakers were successively brought into 
action by the speaker current, which passed the 
switch without interruption. 

In the above-mentioned experiment, the angu- 
lar distance of the loudspeakers equaled those of 
the contact points so that the displacement of 
the sound was equal to the displacement of the 
head. The observer’s head was attached to the 
switch in such a way that the loudspeaker in the 
median position was connected. Thus during a 
head movement each loudspeaker was connected 
at the moment when it was in the median posi- 
tion. When the speaker current was turned on 
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and the observer moved his head, he heard the 
sound vertically above. The image of the sound 
retained this position after the movement of the 
head had stopped. The experiment was successful 
with all observers who were able to localize 
sounds above under ordinary circumstances 
(10 out of 17). 

If other sound directions are to be produced 
synthetically, the ratio between the angular 
distances of the loudspeakers and the distances 
of the contact points has to be changed. Where 
3 stands for the elevation of the direction above 
the equatorial plane of the head movement and 
B, as above, stands for the angular displacement 
of the ear axis, the lateral angle y, i.e., the 
angular distance of the sound direction to be 
produced from the ear axis, can be computed 
for any given position of the head by the formula 
sin (90°—y)=sin 6-cos 3. This formula can be 
simplified by replacing the two sine functions 
by the values of the angles themselves. Within 
a limited yet practical range the resulting error 
is subliminal. Through this simplification the 
lateral angle becomes a constant fraction of the 
angle 8 (90°—y=8-cos #). The angular distance 
of two loudspeakers a can be computed from the 
formula a=8—(90°—wW) which, combined with 
the simplified formula for the lateral angle reads 
a=B-(1—cos #). It will be seen at once that 
this expression becomes a=0° when #=0°; 
a=B8 when #=90° (sound image directly over- 
head) ; a=28 when #=180° (sound image oppo- 
site the loudspeakers). In order to compute the 
angular distance of two adjacent loudspeakers 
one has to substitute for 8 the value 3°, i.e., the 
angular distance of the contact points on the 
switch. If, for instance, a sound direction 60° 
above the loudspeakers is to be produced, the 
distances of the loudspeakers from each other 
are 134°(cos 60°=0.5). Table I gives the experi- 
mental results obtained with this set-up. The 
numbers in the top row are the theoretically 
expected values of angles of elevation in three 
different experiments, the directions which the 
observers were expected to perceive. Below are 
the actually heard directions as indicated by the 
observers either by pointing toward the sound 
image or by estimating the elevation of its 
position. The meaning of 120° (third column) is 
that the synthetically produced direction is 120° 
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away from the loudspeaker arc, i.e., 60° above 
the horizontal in the rear when the loudspeakers 
are in front of the observer. 

Both the formula for the lateral angle and the 
formula from which @ is computed, contain the 
angle 3 as a cosine function. This means that 
the values of ¥ and a, respectively, change only 
insignificantly for changes of # between 0° and 
30°. Consequently, sound directions near the 
equatorial plane of the head movement are 
poorly defined. This has not much bearing on 
sound localization under natural conditions 
because, as it has been pointed out, natural head 
movements do not consist of revolutions about 
a stable axis. In the experiments, however, the 
head must be turned precisely about a single 
stable axis, and directions near the equatorial 
plane cannot be produced successfully. There- 
fore a tilting movement of the head from side to 
side was used for the production of sound 
directions of smaller elevations. The whole set-up 
was shifted about the ear axis by 90°. The shaft 
of the switch, now horizontal, was attached to 
the back of the head, and the loudspeaker arc 
extended above the observer from the left to 
the right. Table II gives the experimental results 
for the directions 8 =60° and 3 =70°. The set-up 
was so arranged that these directions lay, 
respectively, 30° and 20° above the horizontal. 
The two directions were chosen so close together 
in order to find out whether they can be dis- 
tinguished from each other. The data show that 
this holds true. Despite conspicuous deviations 
from the expected values there is no reversal 
between the angles indicated by each observer. 
It has been pointed out above that there are two 
directions characterized by the same sequence of 
lateral angles when the head is turned about a 
single axis. They lie in symmetrical positions 
with respect to the equatorial plane of the head 
movement. For the tilting movement of the 








TABLE I, 

60° 78° 120° 
64° 80° 130° 
61° ts 172" 
60° pe We 
A ag yf ag 119° 
50° 70 118° 
48° 115° 
43° 
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head this plane is vertical, extending from the 
left to the right. Accordingly, we may expect 
the synthetically produced direction to appear 
in front or in the rear, and this is true as indicated 
in the table. The same ambiguity in the stimulus 
situation exists here, as in the experiments 
described above in which the head was turned, 
but there it happened only once that the observer 
perceived the sound below. There seems to be a 
strong preference to localize above the horizontal 
plane. 

To have the loudspeakers placed in the equa- 
torial plane of the head movement is only one 
among many possible arrangements for the 
synthetic production of sound directions. Any 
set-up which provides the proper presentation 
of the characteristic sequence of lateral angles 
is equally suitable. In one experiment, for 
instance, the loudspeakers were arranged in the 
horizontal plane in front of the observer while 
the head was tilted from side to side.'! This 
set-up was arranged to produce a direction of 
30° elevation above the horizontal plane. The 
results obtained were the best secured in any 
experiment (31°, 30°, 29°, 273°, 24°, 22°). The 
sound image was always in front, and the ob- 
servers were allowed to describe its location in 
visual terms. 

It was not the aim of the experiments to 
gather data on the accuracy with which sound 
directions can be synthetically produced. We 
wished merely to obtain confirmation of the 
theory and to this extent the results seem to be 
convincing. However, the change of lateral angle 
with respect to a head movement is not the only 
factor which furnishes information about the 


TABLE II. 





Ons. 30° 20° 

1 35° front 19° front 
B 33° back 15° back 
B 22° back 13° back 
C 22° front 173° back 
D 35° back 273° back 
I 434° back 373° back 
F 30° front 16° back 
G 46° front 31° front 











1 For this type of set-up @ can be computed from the 
simplified formula a=8-cos 3. When the observer tilts 
his head to the right, the sound shifts in the horizontal 
plane to the left, and vice versa. 
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position of the sound source in the dimension of 
the median plane. One can readily discriminate 
between front and back without a head move- 
ment, and for some sorts of sound a crude 
discrimination of different elevations is possible 
with resting head. The factor in question has not 
been closely studied yet, but it seems evident 
that it is effected by the selective sound shadow 
of the pinnae. In every case of a successful 
synthetic production the pinna factor is over- 
come by the cues procured by the head move- 
ment, for here the perceived direction is quite 
different from the direction from which the 
sound actually arrives at the head. 

On the other hand, the pinna factor may 
account for an occasional failure in the synthetic 
production experiments. To be sure, most of the 
failures which occurred can be accounted for by 
an inability to perceive sound directions of high 
elevation. In most cases, observers who fail to 
perceive a synthetically produced direction of 
high elevation are also unable to localize a 
sound which is objectively presented in that 
direction. Approximately two out of five inex- 
perienced observers have this difficulty. But 
there is still another case. In the experiment in 
which a direction of 60° elevation above the 
loudspeaker arc was to be synthetically produced, 
observers failed who had been successful in other 
experiments with directions of high elevation. 
Here interference of the pinna factor is appar- 
ently indicated. 

Synthetic production experiments in which 
the direction to be perceived is horizontal were 
always successful. In one case the observer had 
to tilt his head from side to side and the loud- 
speaker arc extended above the observer from 
the left to the right. The distances of the loud- 
speakers were such that the sound remained in 
the median position when the head was properly 
tilted, and so the sound image appeared in the 
direction of the axis of the head movement, i.e., 
horizontally in front or behind. In an experiment 
with head movement about a vertical axis, 
designed to produce a sound image behind the 
observer, the loudspeaker arc was in front, and 
the distance of two adjacent loudspeakers, as 
computed from our formula by substituting for 

3 the value 180°, was 6°. This experiment was 
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performed with a great number of observers, and 
never failed. Here the discrepancy between the 
direction perceived and the position of the actual 
sound source was maximal, and cues obtained 
from the pinna factor disagreed most strongly 
with the ones from the head movement. Under 
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ordinary circumstances, discrimination between 
front and back on the basis of the pinna factor 
alone, i.e., without head movement, is quite 
reliable. The fact that this factor is invariably 
overcome in the synthetic production experiment 
indicates quite clearly its subordinate role, 
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The Multitone* 


W. L. BARRow 
Massachusetts Institute of Technology, Cambridge, Massachusetts 


(Received January 11, 1939) 


A new sound source, which has been termed a ‘ 


‘multitone,’’ for space-acoustic measurements 


is described. It provides a plurality of equi-amplitude tones spaced equally in frequency over 
a given frequency band. A generator for it is described that employs shock excitation and has 
no vacuum tubes. Disk recordings are provided to secure a series of multitones of different 
mean frequencies but of constant ratio of band width to mean frequency. 


INTRODUCTION 


HIS paper describes the development and 

the practical form of an improved sound 
source for acoustical measurements. The new 
sound, which we have termed the “‘multitone,”’ 
comprises a plurality of simultaneous equal- 
amplitude tones spaced uniformly within a 
specified frequency band. It has application in 
many kinds of measurements where the effects 
of space interference need to be mitigated, such 
as the determination of reverberation times and 
absorption coefficients. 

It was recognized many years ago that ob- 
jective measurements of reverberation phenom- 
ena in rooms gave exceedingly irregular results 
when made with sinusoidal tones. A number of 
remedies were proposed, including the use of a 
frequency-modulated tone! *—the ‘‘warble tone”’ 
—instead of a sinusoidal one. The warble tone 
gave more regular results and proved to be far 
more satisfactory than the pure tone. It has 
come into widespread use. 

Careful investigation®:* has made it clear, 
however, that the warble tone is not without 
imperfections. The adverse features are best 
explained in terms of its spectral distribution, 
expressed analytically as follows: 


too Af 
p(f)= zu 1.(—) sin 2r(fo+na)t, 


a 


where p(f) denotes the pressure as a function of 


*Presented before the Twentieth Meeting of the 
Acoustical Society of America, Cambridge, Massachusetts, 
November 19, 1938. 

'E. A. Eckert and V. L. Chrisler, Sc. Papers Nat. Bur. 
Stand. 21, 37 (1926). 

? P. Just, Schalltechnik 2, 5 (1929). 

3 W. L. Barrow, J. Acous. Soc. Am. 3, 562 (1932). 

*F. V. Hunt, J. Acous. Soc. Am. 5, 127 (1933). 
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the frequency, fo=mean frequency about which 
the modulation takes place, Af= maximum devi- 
ation from mean frequency, a=modulation 
frequency, t=time, and J,(Af/a) = Bessel func- 
tion of order m of first kind. According to this 
representation, a warble tone may be treated as 
a composite of pure tones approximately 2Af/a 
in number with amplitudes given by the Bessel 
functions. Consideration of this expression and of 
the operation of the generators used in practice 
for obtaining warble tones shows the following 
undesirable features: (1) The amplitudes of the 
component tones are unequal and vary in mag- 
nitude over a wide range; (2) the amplitude 
distribution of the component tones is haphazard 
and is not generally under the control of the 
experimenter; (3) the spectrum changes with 
changes in any of the parameters fo, Af and a, 
even in the same generator; and (4) the period 
of warble and the reverberation time may be 
comparable when the generator is adjusted for 
low rates of warble. These features make the 
warble tone fall short of the ideal. They lead to 
irregularity in the results of one worker and to 
inconsistencies between those of different workers. 

It appeared probable that a better “‘standard 
sound” for measurement purposes might be 
found by a more scientific approach to the 
problem. The logical steps in this approach 
would be, first, to decide what would comprise 
the ideal standard sound and, second, to syn- 
thesize this sound as specified. 

Tests made with noise sounds® obtained elec- 
trically from thermal agitation in resistors and 
shot effect in vacuum tubes have shown that no 
improvement is to be had with sources derived 
from random phenomena; in fact, they may be 


*H. Theide, E. N. T. 13, 84 (1936). 
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Fic. 1. Spectrum of multitone and of warble tone for a 
band width of 200 c. p. s., mean frequency of 500 c. p. s., 
and a spacing between adjacent components of 20 c. p. s. 


even worse than the warble tone. The effective- 
ness of the warble tone, on the other hand, 
points to the desirability of a sound having the 
same general character but improvements in 
detail. The following desiderata were therefore 
established for the ideal standard sound: (1) A 
plurality of N simple harmonic tones, (2) equal 
amplitudes of all component tones, (3) com- 
ponent tones extending over a limited frequency 
band of width 2-Af about a mean frequency fo, 
and (4) a constant ratio Af/fo as small as is 
consistent with the mitigation of interference. A 
tone having these characteristics has been termed 
a multitone. 

Analytically, the multitone may be expressed 
as: 


+(N—1)/2 


2-Af 
b(f)=const. >) sin 2a( fon +0.) 


—(N—1)/2 N- 





where 6, is the phase of each component. 

Figure 1 shows graphically the comparison in 
amplitude distribution between a warble tone 
and a multitone. Each covers the band from 400 
to 600 c.p.s. with a frequency spacing of 20 c.p.s. 
between adjacent components. This figure is 
more effective than many words in showing 
what the multitone is and how it differs from 
the warble tone. 


BARROW 


More definite specifications are needed jp 
several respects. The particular value of Af/fo 
must be given; this value is tentatively taken‘ 
as 0.2. The manner in which the plurality of 
tones are arranged within the band 2-Af must 
be decided upon; the present arrangement has 
an equal frequency difference for all adjacent 
tones. Another plausible arrangement would 
have an equal wave-length difference between 
adjacent tones. When the tones are spaced 
equally in frequency, the difference in frequency 
between adjacent tones is fixed by the quantities 
Af and N but varies with fo. The number of 
tones, NV, should be determined by experiment «4 
tentatively, eleven tones are provided. 

Finally, the relative phases of the individual 
tones needs to be specified. The wave form of the 
multitone is a curve that oscillates about the 
zero axis, but the amplitudes of the individual 
excursions may vary widely. In order that the 
linearity requirements placed on reproduction, 
amplification and measuring apparatus be not 
too severe, a wave form in which the excursions 
about the zero axis are all of nearly the same 
amplitude is preferred. Fig. 2 shows three wave 
forms* illustrating this point. Regular phase 
relations, particularly the cases in which the 
waves of all component tones reach a maximum 
or a zero simultaneously, have a wave form with 
one or more peaks of comparatively tremendous 
amplitude; Fig. 2(a) illustrates this type of 
wave form. Random phase relations give wave 
forms in which the excursions are much more 
uniform in amplitude; Figs. 2(b) and 2(c) show 
two such successive stages; the latter curve 
approaches closely the desired degree of uni- 
formity. A multitone having a random phase 
relation sounds “smooth,” but one with a 
regular relation sounds “‘thumpy.”’ These argu- 
ments, as well as laboratory experiments, indicate 
that a random, but fixed, phase relation of the NV 
components of the multitone is desired. 


THE GENERATOR 


The construction of a multitone generator 1s 


fundamentally simple but it is beset with certain 


* These diagrams were synthesized by Professor D. C. 


Miller of Case School of Applied Science for Professor P. M. 


Morse of Massachusetts Institute of Technology, with 
whose permission they are presented here. 
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practical difficulties. The principal difficulty is 
the relatively large number of sinusoidal oscil- 
lations (one generator not yet completed is 
designed for forty tones). Alternative construc: 
tions have been considered, including: (1) A 
plurality of independent oscillators, one for 
each component tone, employing regenerative 
vacuum-tubes, relaxation circuits, tuning-forks, 
etc.; (2) rotary machines, having a plurality of 
independent small generators with common 
shaft or drive or a single rotor to produce the NV 
tones, preferably of variable reluctance type if 
magnetic or of variable capacitance type if 
electrostatic; (3) vibratory machines, as in 2; 
(4) modulation methods of multiplying the 
number of tones from a relatively small number 
of sources; (5) photoelectric generator, having 
sound tracks on film or on a disk and appropriate 
optical and photoelectric system, with a plurality 
of sinusoidal tracks or one or more composite 
tracks; and (6) phonographically recorded 
“generator.” 

The disk photoelectric generator holds much 
promise, and such a generator has been at- 
tempted. It appears that several composite 
tracks each containing several component oscil- 
lations offer the most reasonable arrangement. 
A most difficult part of this construction is the 
engraving of the concentric sound tracks on the 
disk. After considerable effort spent in trying to 
obtain a properly engraved glass disk, the 
solution to be described below was undertaken 
and completed. 

It was decided to build a number of simple 
independent oscillators and to combine their 
outputs. The investigation, carried out by E. 
Hansell as a master’s thesis at Massachusetts 
Institute of Technology, began with simple neon 
tube oscillators, and extended to circuits with 
thyratrons and strobotrons. Purity of wave form 
and stability of frequency and of putput voltage 
were the characteristics most sought. The circuits 
were, in general, derived from those described 
by Koch.? A multiple commutator driven by a 
synchronous motor was used as a switching 
means in the grid circuits to secure exact fre- 





*J. F. McClean and O. L. Angevine, Jr., Ms. Thesis, 
Massachusetts Institute of Technology (1936). 


(1935) E. Koch, Physics 4, 359 (1933) and Electronics 8, 92 


quency and phase relationships between the 
different oscillations. Tests on a modified circuit 
showed that a more satisfactory generator could 
be built on the well-known principle of shock 
excitation. There resulted an exceedingly simple 
and economical oscillator without electronic 
tubes of any kind. The final multitone generator 
comprises eleven of these simple oscillator units. 

The basic circuit of the shock-excited oscillator 
is shown in Fig. 3. The commutator is designed 
to make and break the circuit once in each 





























(a) On = 0°. 
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(b) O9= 6.=0,=6,;=0° 
0; = 03 = 04 = 06 = 07 = 09 = 180°. 











(c) 6.=0°, 0,=60° 
04 = 07 = 09= 120°, 69 = 03 = 180° 
63= 240°, 6;=300°. 


Fic. 2. Wave forms of multitone of ten components 
for different phase relations of the components, as 
follows: 


9 


p(t) = Zsin [(20+n)t+ 8, ]. 


These curves were drawn on the Miller Synthesizer. 
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period of oscillation. The values of L and C are 
chosen for resonance at the frequency correspond- 
ing to this period, but the tuning is not very 
critical. The theory of this oscillator will not be 
discussed here, but the oscillograms reproduced 
in Fig. 3 will help to explain its operation. It is 
found that a surprisingly pure sinusoidal voltage 
is developed across the condenser. The output 
is taken from the condenser through a high 
resistance. The open-circuit output voltage may 


VOLTS 
ACROSS 





Fic. 3. Circuit diagram and oscillograms for the unit 
oscillator of the shock excitation type used in the multitone 
generator. L = 290 henries; C =3.45 microfarads; R = 75,000 
ohms; E=50 volts; frequency = 400 cycles per second. 


be nearly as large as the applied direct voltage. 
Since the output is directly proportional to the 
applied voltage, a voltage divider regulating the 
applied voltage provides a simple voltage control. 
When correctly adjusted, the total harmonic 
content may be as low as one percent of the 
fundamental. 

The finished multitone generator comprises 
eleven unit oscillators similar to that just 
described. Fig. 4 shows the schematic circuit 
diagram for the generator. The commutators for 
the eleven frequencies are on a single shaft 
driven by a small synchronous motor. To 
prevent appreciable interaction between units, 
the capacitance, C of Fig. 3, comprises a series 
connection of two condensers C, and Ce, and a 
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small portion only of the available voltage js 
taken from C2 to the output through high 
resistances R3. No cross modulation of one unit 
by another has been observed. The Voltage 
divider Re permit the amplitudes of the com. 
ponent voltages to be individually adjusted, 
This generator is very simple to operate. Its 
extension to a greater number of units could be 
made by simply adding new units. 

The eleven frequencies are spaced 20 cps, 
apart in the frequency band from 400 to 609 
c.p.s. The measured harmonic content is less than 
five percent of the fundamental, and the ampli- 
tudes of the several component voltages are al] 
within five percent of the mean value. The phases 
of the component voltages are constant but are 
more-or-less randomly distributed. The phase of 
each component can be independently controlled 
by sliding the appropriate brush backwards or 
forwards on the commutator. It has been ob- 
served that a variation of phase not only makes 
striking differences in the multitone wave form 
as seen on an oscillograph, but that it also 
produces marked differences in the character of 
the sound. 

Several ways of increasing the number of com- 
ponents have been considered. One, as mentioned 
above, is to add more units. Another is to apply 
a low frequency alternating voltage to the input 
instead of a direct one, thereby amplitude modu- 
lating each of the components. Or, some fre- 
quency modulation may be introduced by 
causing a hunting of the driving motor. Another 
suggestion is to space the commutator segments 
unequally, say in a tapered manner, rather than 
equally. 


UNIT NO.II—600 CRS. 


UNIT NO.1— 400 C.P.S. 








== == G46 


Fic. 4. Circuit diagram for the multitone generator. 
R,=70,000 ohms; R2=20,000 ohms; R;=1 megohm; 
L.=250 henries; C; and C2 as required. 
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THE RECORDINGS 


Considerable advantage, for most applications 
in the laboratory and for portable use, js 
obtained by recording the standard sound on 
phonograph disks. Consequently, disk recordings 
of the multitone have been made for the various 
mean frequencies (fo) most used in space- 
acoustical measurement, namely: 125, 250, 500, 
1000, 2000 and 4000 c.p.s. The recordings are as 
follows: (1) A twelve-inch record at 333 r. p. m. 
of the generator output (fo=500); (2) a similar 
twelve-inch recording at 78 r. p. m.; and (3) a 
ten-inch recording at 78 r. p. m. having the three 
lower mean frequencies on one side of the disk 
and the three higher ones on the other. 

The recordings at mean frequencies other than 
the 500 c. p. s. supplied by the generator were 
made by recording at one speed and playing back 
for re-recording at twice or at half-speed. This 
procedure allows the manufacture of multitone 
records of substantially any frequency from the 
single and relatively simple generator of a mean 
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frequency of 500 c. p. s. Furthermore, it provides 
the same ratio of band width to mean frequency, 
Af/fo, for each multitone record. 


CONCLUSION 


It is not intended to offer the multitone at the 
present time as the perfect test sound. It is sub- 
mitted, however, that the multitone represents 
a more rational tool for technical and scientific 
research and one better adapted to standardiza- 
tion than those used heretofore. Furthermore, 
the development of it at Massachusetts Institute 
of Technology has reached a stage where it can 
be recommended and passed on for use and im- 
provement elsewhere. 

In conclusion, the author wishes to express his 
gratitude to Messrs. J. F. McClean, O. L. 
Angevine, Jr., and E. Hansel for their aid in the 
development of multitone generators, to Mr. 
L. P. Reitz for aid in making the recordings and 
to Professors W. M. Hall and R. D. Fay for 
consultation throughout the period of the work. 
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The Absorption of Sound by Vibrating Plates Backed with an Air Space 


ROBERT ROGERS 
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INTRODUCTION 


OR the past few years there has been a need 
for a material that has a large absorption of 
sound over a relatively small range of low 
frequencies. Experimentally, it has been proved 
that vibrating materials of one sort and another 
are useful in this low frequency range. Theories! 
have been advanced, which are correct to a 
first-order approximation, in explanation of the 
observed phenomena. 

This paper presents a rigorous theory which 
after suitable approximations leads generally to 
the same results as the previous theories. How- 
ever, the nature of the approximations made are 
here clearly brought out and the limitations are 
exhibited. In addition the writer presents a 
theory intended to be more complete than has 
been published heretofore. 

The purpose of the theory is threefold: 


(1) To exhibit the dependence of the sound 
absorptivity on frequency and the various 
physical characteristics of the material. 

(2) To show how the physical characteristics 
may be varied to give a high absorptivity over a 
band of frequencies taken anywhere in the 
audible range and to show how this band width 
may be varied. 

(3) To present a method for attacking the 
problem of a vibrating system coupled to a 
reverberating space. 


I 


The present part treats the one-dimensional 
case exactly and in Part II the results obtained 
in the first section are extended by the present 
theories of reverberation to the three-dimensional 
case. 


(A) One-dimensional reverberation 


Let us consider a long tube of length 2/ and 
of cross-sectional dimensions small compared to 


1H. Lauffer, Hoch: tech. u. Elek: akus. 49, 9 (1937). 
K. Schuster and A. Hohberg, Ann. d. Physik 16, 203 (1933). 


the wave-length of any sound it may contain 
and let this tube be closed at both ends by 
plate capable of moving as a whole under the 
action of the sound pressures. Further let each 
plate be backed by an air space of the same 
cross section as the tube and of depth /’, 

The requirements for the plate are satisfied 
if it be small compared to the wave-length of 
sound employed and if it be rather flexible: 
that is if it has a very small elastic restoring 
force. 

The problem then reduces to the solution of 
the wave equation in the tube itself, simul- 
taneously with the equations of motion of the 
plates and of the air spaces behind the plates. 

If ¢ be the velocity potential and y the 
distance down the tube measured from an origin 
at the middle, the wave equation is 


Py/dy’ = (1/c?) FP e/dr’, (1) 


where c is the velocity of sound. 

At y=/ we have p/£=2» where p is the excess 
pressure, £ is the particle velocity in the y direc- 
tion, and 2 is the acoustic impedance of the 
plate. The boundary conditions on (1) then 
become at 


y=l &=f 


y=-l é=%1, (2) 


where x is the displacement of the plate from its 
equilibrium condition. 

The boundary conditions may also be ex- 
pressed in terms of the acoustic impedance as 


p/E=20 at 
p/t= —ie at 


=] . 
ie (3) 
y=-l. 

We will attempt to satisfy the wave equation 
and boundary conditions by a solution of the 
form 


yg=A sinh (ny+r)e**, (4) 


where A, n, r and p are constants to be deter- 
mined. Since £= —d¢/dy and p=po¢ the bound- 
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THE 
ary conditions (3) are 


Pope - 
at y=l, 29 =—— tanh (nl+,r) (5) 


n 





Cc 
and at y= —I, tanh (—nl+r). (6) 


n 


Equations (5) and (6) show that r=0. simi- 
larly the wave equation gives 


1° = p*. (7) 
Let us write 
p=k/c+iw/c, 


. (4) becomes 


g=A sinh (k+iw)(y/c)e“4t™*, (8) 


then Eq 


or we have that 
p= pop=(—k+iw)A po 
Xsinh (k+iw)(y/c)e“4t™*, (9) 
and 
d¢ 


, A fo d ; 
= ——=——(k+1w) cosh (kR+iw)e“FF*, 
oy c 


(10) 


w is at once recognized as 2rv where » is the 
frequency. k is then a coefficient giving the rate 
of decay and must be determined by the physical 
constants of the plate. 

Let us consider next the plate. It is acted 
upon by a force Sp due to the sound pressures 
in the tube and to a force — Sp, because of the 
sound pressures in the air space behind it. 
The force Sp; is shown? to be 
(2nl’/d)x, 


Spi = wSpoc cot (11) 


where \ is the wave-length of the sound. 
The equation of motion of the plate is then 


d*x dx 2nl’ 
m—+ R— -+/K +wSpoc cot r= Sp, (12) 
dt? dt 


where m is the mass of the plate, R is a coefficient 

of resistance, and K is a coefficient of elasticity 

which is to be considered zero. 
From the boundary conditions ave 


(2) we h 


*P. M. Morse, 


Vibration and Sound (McGraw-Hill, 
1936), p. 195. 
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that at y=l1, =z. Hence 








k+iw 
t= -A cosh (kR+iw)-e~“+™)# = (13) 
c c 
and x=— cosh (k+iw)-e~(@t)¢t, (14) 
c c 
A l 
&=—(k+iw)? cosh (R+-iw)-e-“+*)*, (15) 
c c 
Putting these values for x, #, € in Eq. (12), 
it then determines k. Thus 
m(k+iw)? R(k+iw) wo 
‘a ” 4+—= 
c c c 
l 
— Spoc(k+iw) tanh (k+iw)-, (16) 
c 
where 
wo= K+ wSpoc cot (2l’/d). (17) 


Equation (16) if separated into real and 
imaginary parts is 


mk R 


wok 


Spoc(k? +) 








& poc b. poc 





1 Ww 
{ms — | = tanh (b+) (18) 
Saat k?+w? 


This then gives k exactly as a function of the 
frequency and other constants of the system. 

In cases of practical interest Eq. (18) need not 
be solved rigorously since a few approximations 
may be made. It is the purpose of the next few 
paragraphs to exhibit these approximations and 
their ranges of validity. 

Let us first define two new quantities, 








mw WW 
y i o= _ =— ’ (19) 
Spoc (k*+w?)Spoc 
—mk+R wok 
Spoc Spock’ + w?) 


The first step in the approximation process is 
to consider the relative magnitudes of k and w. 
The value of & is given by a comparison of k with 
the Sabine absorption coefficient. Thus if J is 
the intensity in the tube at time ¢ and J» at time 
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t=0 we have the relation 


I= Ige—?*', (21) 
while the Sabine equation is 
T= Ige—el24 ast, (22) 
Comparison of these equations gives 
k=asc/Al. (23) 


We are interested primarily in cases in which 
the length of the tube is of the order of that of a 
room, for example let /=12 ft. Further we are 
interested in frequencies above 50 cycles. In this 
case if we assume a maximum value for as of 
unity we see that in the most unfavorable case 
the ratio k/w<25/300<1/13. Thus we may 
neglect k? compared to «”. 

The second term in Eq. (20) is 





K+wSpoc cot _— 


; (24) 
k?+ 


then neglecting k? compared to w* and K we can 
write: 


(k/w) cot (27l’/d). (25) 


Of course, we must further throw out the case 
where cot (27/’/) =0. However, as will be seen 
later when the formulae are applied, we are 
never interested in this case. 

We may now limit the value of cot (27/l’/d) by 
letting it lie in the range 


8>cot (27/'/d) > —8. 


Then for /’=3 in. we can satisfy the condition if 
100 <v<2200 and for /’=6 in. if 5|0<v< 1150. 

Since k/w is at most 1/13 we see that the 
value of (26) is at most 8/13. This is small com- 
pared to Ry as we will show by calculating Ro, 
which is the ratio of the specific acoustic re- 
sistance of the plate to that of air. In most 
materials Ry is much greater than poc, the 
resistance of air. Assume that Ry>S5poc. The 
theory does not apply to materials where Ro is 
less than 5poc. For frequencies as low as 50 
cycles, we will make 10 percent error on this 
criterion. At 100 cycles the error will not exceed 
5 percent. 

We may further neglect mk as compared to R. 
For assuming that (m/S)<1g, we see that 
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(mk/S) <25, while Ropoc > 800. Thus finally (20) 
gives 
Ro = R. ‘Spoc. (26) 


Similarly Eq. (19) gives 
X o= (1/Spoc) [mw — wo/w |. (27) 


We may now rewrite Eqs. (18), (19), (20) in 
the simplified form 


R’+iX =poc tanh r(a+ip), (28) 
where 
R'=R/S, (29) 
Mw — w/w 
X = -—-—___, 30 
S (30) 
a=kl/rc, B=ol/rxc. (31) 


Equation (28) has solutions which are well 
known. Thus by an examination of the solutions 
we see that, since 4ma=ds and since if Ro>5pq¢ 
then a =0.06, the restriction that as<1 and 
that Ro>5poc are essentially equivalent. There- 
fore we adopt only the latter. A list of the 
restrictions follows: 


(1) » must always be greater than 50 c.p.s. 

(2) Ro must always be greater than 5poc. 

(3) We must have /’ and » satisfy the condition that 
8>cot (27l’/A)>—8 excluding the 
cot (27l’/d) =0. 

(4) The mass per unit area of the plate must be less than 
1 g. 


case where 


The only serious restriction is the third. The 
rest are satisfied almost automatically by the 
nature of the materials and frequencies to be 
used in the investigation. 

Let us now proceed to examine (28) more 
closely. If we examine a table of solutions of 
this equation we see that for any given value of 
R’ the value of k increases as X tends to zero. 
Hence the maximum value for & and also for 
the absorption coefficient as is found at the 
frequency defined by the equation 


Mm = Spoc cot (2nl’/d) = Spoc cot (L'wm/c). (32) 


The solutions of this equation are given 
graphically in Fig. 1. The frequencies of maxi- 
mum absorption are given by the intersection of 
the straight lines for the mass per unit area of 
the material and the curved lines for the depth 
of the air space behind the material. 
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Fic. 1. Solutions of Eq. (32). ‘eines lines are graphs of the function 2xvmo/poc where mo is given in 
grams. Curved lines are graphs of the function cot 27l’»/c where I’ is given in inches. 


It is of interest to note that when 2z7/'/X is 
small compared to unity we may expand 
cot (27/’/X) in (32) into a series giving 


Cc 1 Voom 
Mw = Spot] ——— ee |, 
fe 2 € 





which if we keep only the first term may be 
solved for y=w/27 as 


c (—) 
. 
2r\l'm 
This formula has been used by Meyer, Lauffer 
and others to calculate the frequencies of maxi- 
mum absorption. An examination of the graph 
will show that when /’/A\=} we have an error of 
10 percent. Thus (33) can hardly be said to be 
valid if l’/A>}. 
Further we may use Eq. (28) to obtain the 
width of the absorption band. If we write 





(33) 


Qmax 


Ar 





Qmax >= 


where diax is the maximum value of the Sabine 


coefficient we have that (28) becomes 


T 
+i-). 
2 


Thus if we know either R’ or @max, We can obtain 
the other. Further X/poc is given as a function 
of physical constants as 


Qmax 


R’ = poc tanh ( 
4 





(34) 


2rl’ 
=> —cot ——. 
poc Spoc 


X 2nxvm 
~ (35) 








The values of X/poc may be determined from 
the curves in Fig. 1, at once, by simply measuring 
the vertical distance along the ordinate, corre- 
sponding to the desired frequency, between the 
straight line for the given my=m/S and the 
curved line for the given /’. 

Figure 2 then gives as as a function of X/poc 
for various values of R’/poc. 

We give Table I for illustrative purposes. 

Here v; is defined as the frequency at which 
ags=0.6 assuming that at v, we have as=1 or 


that R'/poc =4., 
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Fic. 2. Sabine absorption coefficient, a; as a function of X/poc for various values of R’/poc 
given on the curves. 


It is of interest to note when the solutions are 
extended beyond a range in which they would be 
expected to apply as they are in Fig. 3, that a 
secondary maximum absorption would be found 
at high frequencies. Experimentally this has 
been observed.* 


(B) Conclusions 


We have so far mentioned only normal Sabine 
coefficients of absorption. These are related to 
actual normal coefficients of absorption by the 
relation‘ 


as=In 1/(1—a). 


This is a monotone increasing function with a 
and hence any conclusions about as are equally 
valid for a. 

We will now summarize the results obtained 
from the theory given. 

(1) The maximum absorption coefficient occurs 
at a frequency given by the graphs in Fig. 1 or 
by Eq. (33) when it is valid. 

(2) The coefficient falls off on either side of 
this frequency at a rate which may be deter- 


3H. A. Leedy, unpublished. 
4P. M. Morse, reference 2, p. 305. 


mined by the use of Figs. 1 and 2 and is a func- 
tion of my and I’. 

(3) The rate of falling off of the coefficient is 
slower as mp is smaller, and is slower as R’/py 
increases. 

(4) The maximum absorptivity is larger as 
R’/poc tends toward unity. 


II 


Three-dimensional reverberation 


Thus far we have dealt only with methods of 
determining the normal absorption coefficient or 
with the determination of the normal acoustic 
impedance. The absorption coefficient thus ob- 
tained is not applicable to any reverberation 
formula. For this reason we will extend the 
theory to obtain coefficients of the type used in 
the three principal theories of reverberation. 

These three theories bear usually the names of 
Sabine, Eyring, and Millington.’ The principal 
assumption of all these theories is that the 
intensity of sound is distributed uniformly with 
direction. On this assumption we can average 

5 W. C. Sabine, Collected Papers on Acoustics (Harvard 
University Press, 1922). C. F. Eyring, J. Acous. Soc. 


Am. 1, 217 (1930). G. Millington, J. Acous. Soc. Am. 4, 
69 (1932). W. J. Sette, J. Acous. Soc. Am. 4, 193 (1933). 
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a» over the angle giving an & which is the 
reverberation coefficient. 

Let us first calculate &s which will be the 
absorption coefficient used in the Sabine for- 
mula. Consider a sample of area S. Let W be 
the average energy density of the room and let 
§ be the angle made by the incident sound and 
the normal to S. Then the sound energy striking 
S at an angle between @ and @+4d@ in time dt is 
that contained in a cylinder of base S and slant 
height cdt. This is then 


WSc cos 6dt 


-2r sin 6d@, (36) 
4a 


since the fraction of sound traveling in a direction 
lying between 0 and 0+4d6@ is (27 sin 6d6) /4r. 
The total amount of sound energy striking S at 
all angles is then the integral of the above or 
WScdt/4. By the definition of &s; we know that 
the amount of energy absorbed at S in time dt is 


&sW Scdt/4. (37) 


From (36) we see that the amount of energy 
striking S at an angle between @ and 6+dé@ 
which is absorbed in time d¢t is 


WSc sin 0 cos 6d6dt 
P . 
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TABLE I. 
l’=6 in. mo=0.1 g my=0.2 g 
Vi Vm 120 60 
Vm 150 115 
Ll’ =3 in. 
Vi-Vm 120 60 
Vm 220 160 
Comparing this with (37) we have 
w/2 
a&s= 2) ag sin 6 cos 6dé. (38) 
0 


Thus if we know ag in terms of the known 
constants of the system we may obtain &s by 
computing the integral in (38). Morse® gives the 
absorption coefficient at an angle @ as 


1 — ag =e they) 
where 
poc/Z) cos @=tanh (yp). 
Comparing these two expressions shows that 


pPoc 1 


Zo cos 6 








1 
=tanh |; In +itm(y)| (39) 


— ap 


6 P, M. Morse, reference 2, p. 303. 


3600 


Fic. 3. Solutions of Eq. (32) for mo=0.01 g and /’=2 in. 
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Fic. 4. Graph of Eq. (44) giving the average coefficient @ as a function of the normal 
Sabine coefficient a, for the case of X =0. 


This may be written also as 


R’'+1X 1 1 
— cos @=tanh F In ——+itm(y)| (40) 


Pot — a6 


where R’ and X are the quantities determined in 
Part I. 

The solution of (40) is of two types. The first 
case is given when X =0. Then 


R’ cos 6— poc\? 
aie -(———"). 
R’ cos 6+ poc 


where R’/poc is given by Eq. (34). An approxima- 
tion to the solution of (34) when dmax<1 is 
given by 


(41) 





R’, ‘poc 4 icine (42) 
Then we have 
16@max COS 8 
ap = ——--——-, (43) 
(4 cos 6+4max)? 
This may then be used in (38) to give 
Qmax 2+ max 
&s5 Amax? In ————+4@max——.._ (44) 
4+ max Omax 


This curve is plotted in Fig. 4. It applies only 
to the case where the absorptivity is a maximum 
given by putting X =0. 


The second case occurs when we allow X to 
take on any value. Then we must solve (40) 
exactly. If for brevity we let Im(~)+7/2=76' 
and Re(y) =za’, Eq. (40) becomes 


R 
tanh z(a’+78’) =—_——— cos 6. 


The procedure is obviously to solve for a’ and 
then since ta’=1 In 1/(1—ag¢) solve for ag. This 
gives 


4 
ag= EEE : 
ul (v/u)?+1/u?+2/u+1 | 





(45) 
where 
u=(R'/poc) cos 0, v=(X/poc) cos 0. 


Putting this value of ag in (38) and integrating 
gives 
R" R"? 1 
as=8| — monririeoesilnnsenarion: ill snceescinnnensesnesn 
R’?24X'? R’e4X" = (R’+1)?+X" 


R''(R"’? — X*) 





X"(R’24X")2 
R’?+R"+X" R"" 
— —— ——tan=" rir (46) 


where R” = R'/poc and X'= X/poc. These quanti- 
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ties have all been given previously. Thus 
R! 24/dmax and X’' which is a function of the 
frequency, ™o, and l’ may be read immediately 
from the curves in Fig. 1. 
obviously indeterminate for X’=0 in which case 
we use Eq. (44). 

In the region considered Eq. (44) is a mono- 
tone increasing function with dmax as is Eq. (46) 
with R’. With X’ Eq. (46) is a monotone de- 
creasing function in the region considered. Thus 
the remarks at the end of Part I in relation to 
normal coefficients hold when one considers &s. 

Since the Millington and Eyring equations 
give different methods for averaging over the 
surface we may obtain Millington and Eyring 
coefficients from the Sabine coefficients. Thus for 
Millington coefficients 


&s=In 1/(1-—4,), 
while for the Eyring coefficients the relation is 
1 


as =Iln ——— 


+~Tsa/s 


where S; is the area of material having the 
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Eyring coefficient of &; and S is the surface of 
the room. In the latter equation 4s means that 


&s has been averaged over the surface by the 
following method 


is= > Si&s/S. 


It may appear that the extension of the theory 
here given is too complex to be of value in actual 
reverberation room work. However the writer is 
convinced that the quantity of fundamental im- 
portance in reverberation theory is the normal 
acoustic impedance rather than an average ab- 
sorption coefficient defined for certain specific 
conditions. The theory for z) or the normal 
coefficient, which is related to 20, is rather simple 
as presented in the first part of this paper. 
Thus we are led to throw the burden of applica- 
tion of the theory on those who are investigating 
the reverberation of rooms rather than on the 
theory presented in the second part of this 
paper. 

The writer wishes to express his appreciation 
to Professor F. R. Watson for help and en- 
couragement in the investigation. 
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A Theoretical Determination of Sound Absorptivities by the Impedance 
Method with Experimental Verification 


H. A. LEEpy* 
University of Illinois, Urbana, Illinois 
(Received January 16, 1939) 


I. INTRODUCTION 


HE theory of the absorption of vibrating 

plates backed by an air space has been 
developed by R. Rogers.! The method of attack 
was to assume plane waves of sound in a tube, 
at each end of which was a vibrating plate backed 
by an air space, and to solve the general wave 
equation for the propagation of plane waves of 
sound in conjunction with the boundary con- 
ditions. In the solution every point of the plate 
was assumed to move parallel to and in phase 
with every other point of the plate and in a 
direction parallel to the normal to the plate. It 
was also assumed that a damping force was acting 
which was proportional to the velocity of the 
plate. 

The same problem can be attacked from a 
purely impedance point of view. In recent years 
the impedance concept has been shown to be 
applicable not only to electric circuits and lines, 
but also to the propagation of electromagnetic, 
sound and heat conduction waves. That the im- 
pedance concept should be so generally appli- 
cable is evident from the similarity of the funda- 
mental equations for the propagation of electric, 
electromagnetic, sound and heat conduction 
waves. Further, the impedance concept, although 
generally applied to steady-state phenomena, can 
also be applied with some changes to the solution 
of transient state problems. By use of this 
method the normal absorptivities of vibrating 
plates backed by an air space are theoretically 
determined. Some experimental verifications of 
these theoretically calculated absorptivities are 
also included. 


II. THEORETICAL CALCULATION OF 
ABSORPTIVITIES 


Before proceeding with the calculation of 
absorptivities by the impedance method, a brief 
* Now at the Research Foundation of Armour Institute 


of Technology. 
1R. Rogers, in this issue of J. Acous. Soc. Am. 


discussion of the method used will be given, Ip 
electric line theory the general form of the dif. 
ferential equation for the current wave is 
a1  & 
+(RC+GL)—+ RGi=—. (1) 
ot Ox? 


07% 
CL-- 

ot? 
In sound the general equation for the propagation 
of plane waves in a tube is 


1 a r aé =——s2 
i —=+( +800) + reb=— (2) 
c*? ot? poc? ot Ox? 





The symbols in Eqs. (1) and (2) are defined as 
follows: 


L=inductance per unit length along the line, 
R=resistance per unit length along the line, 
C=capacitance per unit length across the line, 
G =conductance per unit length across the line, 
i=current at any point x at time f¢, 
po=equilibrium density of air, 
c=(yPo/po)}, 
y =ratio of specific heats of air, 
Po=equilibrium pressure, 
r=frictional resistance per unit length, 
g=leakage conductance per unit length, 
£=particle velocity at any point x at time t. 
Several analogies can be drawn from Egg. (1) 
and (2). If one considers the propagation of 
sound in tubes, the analogy which follows the 
electric line theory most closely is the one used 
by Mason? in which 
L corresponds to po/S, 
R corresponds to r/5S, 
C corresponds to S/poc?, (4) 
G corresponds to gS, 


and S=cross-sectional area of tube. 


The acoustical characteristic impedance and the 
acoustical propagation constant can be deter- 
mined easily by substitution of the quantities 
given by (4) into the equations for the charac- 
teristic impedance and propagation constant of 
the electric line. 


2 W. P. Mason, J. Acous. Soc. Am. 1, 263 (1930). 
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THEORETICAL 


The impedance concept has generally been 
applied, both in electricity and acoustics, to 
steady-state currents or vibrations. However, 
from a knowledge of the impedance, the im- 

rtant characteristics of the transient state may 
also be deduced. Although the truth of the above 
statement may be shown from the homogeneous 
part of the differential equation which gives the 
equation of the transient current or vibration, 
the same result may be obtained more easily, 
although less rigorously, as follows: 

Consider the simple electrical circuit contain- 
ing a resistance R, an inductance L, a capacitance 
C, and a sinusoidal e.m.f. all in series. The com- 
plex impedance Z is defined by 


Z=E/I=R+jLw+(1/jCw), (S) 


where E is the complex e.m.f., J is the complex 
current, w/2m7 is the frequency of the applied 
e.m.f. and j is the —1}. If E is suddenly reduced 
to zero a transient current still remains. If it is 
assumed that Eq. (5) is still valid, Z must be 
zero and consequently w must be complex. If we 
sett Z=0 and w=wo+jk, one obtains upon 
separating real and imaginary parts 


LC 4L? 
k=R/2L. 


wo= 


(6) 


and 


The meaning of these constants wp and k is 
immediately recognized; k is the damping factor 
and wo/2r is the frequency of the transient 
current. The equation for the transient current i 
is thus 


4=19e—** Cos wol, 


where ip is the magnitude of the current when 
the e.m.f. is reduced to zero. The damping factor 
k and the frequency wo/27 of the transient 
current of any other electrical circuit may be 
found in a similar manner. 

In an electric line of length 2/ having a gener- 
ator of internal impedance Zp at one end, a 
characteristic impedance Z,, an output im- 
pedance Z, and a propagation constant I’, the 
impedance Z at any point a distance x from the 
generator is? 





‘a Page and N. Adams, Principles of Electricity (1932), 
p. 545. 
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(Z.+Zo)(1—e-4™" ST) 
. ” P24 e-TQl-aT ie 


(7) 


where S and T are the input and output reflection 
coefficients, defined by 


Li-X 
Zi+Zo 
Li~Zi 
Dates 


Su 
(8) 


and 


All of the impedances as well as the propagation 
constant are in general complex. The damping 
factor and frequency of the transient current 
may be determined as before although in this 
case the solution is considerably more difficult. 
The normal absorptivity of a vibrating plate 
backed by an air space will now be developed by 
making use of the above method of finding the 
damping factor k. Consider a tube of length 2/ 
having at each end a similar vibrating plate 
whose motion is in accord with the assumptions 
contained in the introduction. Let each of the 
plates be backed by an air space of length /’ and 
the tube finally closed at each end by a rigid 
plate. The general method is to find the acoustical 
impedance of the tube and vibrating plates and 
hence to find the damping factor k by equating 
the impedance to zero and solving the resulting 
equation for k, the imaginary part of w. Having 
found k the normal absorptivity @ of the vibrat- 
ing plate can be obtained from the equation‘ 
kl 1 1 
=-— log 
c 4 1-—a 





(9) 


Let Z, be the acoustical impedance of each 
plate plus the air space in back of it and assume 
the tube solid and rigid, i.e., assume the acous- 
tical resistance r and the acoustical leakage con- 
ductance g of the tube to be negligible. The 
propagation constant IT and the characteristic 


impedance Z, for such a tube are found to be 
l= jw/c Zx=poc/S, (10) 


where for the steady state w/27 is the frequency 
of the forced vibration, but in the transient case 


4P. M. Morse, 


1936), p. 305. 


Vibration and Sound (McGraw-Hill, 
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w is a complex constant to be determined and po, 
cand S are defined by (3). 

Because of the similarity of Eqs. (1) and (2) 
the acoustical impedance of such a tube at any 
point a distance x from one end of the tube is of 
the same form as (7). If the impedance given by 
(7) and (8) is equated to zero and the proper 
acoustical quantities, given by (10), substituted 
for Z, and I’, one obtains 

w i 
tanh j-/= ——S. (11) 
c poc 
It should be noticed that in this case Zp) =Z,. The 
acoustical impedance Z, of the plate plus air 


space is 
<**) 
jo TF 


where the undefined terms are as follows: 





1 
Za=—( Rhino (12) 
S2 


R=mechanical resistance of plate (assumed constant), 
m = mass of plate, 

K=stiffness factor of plate, 

K’ =stiffness factor of air space. 


The factor K’ is found by considering the reac- 
tion of the sound waves in the enclosed air space 
on the vibrating plate. One thus obtains® 


Ww 
K’=waSpoc cot —l’. 
c 


(13) 


The stiffness factor due to the air space is seen 
to be a function of the frequency of the impinging 
wave. This is analogous, in the electrical case, to 
a condenser whose capacity varies with fre- 
quency. Combining Eqs. (11) and (12) and sub- 
stituting wo+jk for w one obtains 




















l ] 
pocS tanh (:- — jon) =R+jmw 
C c 
/ 
—mk-+-———. (14) 
Joo— 
TABLE I. 
A Bt c 
Thickness of plate | dein. } in. } in. 


Depth of air space (/’) 
Specific mass of plates (m/S) 
First natural frequency 
Second natural frequency 


3 in. 3 in. 6 in. 
0.12 g/cm? | 0.10 g/cm? | 0.10 g/cm? 
200 c.p.s. 220 c.p.s. 165 c.p.s. 
2400 c.p.s. | 2400 c.p.s. | 1200 c.p.s. 











* This plate had a thin layer of cotton on top. 


5 Reference 4, p. 196. 
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Separating the real and imaginary parts of the 
right-hand side of this equation one obtains 


l l 
poc tanh («- -jr-) =Rot+jXo, (15) 
c c 








where RyS=R—mk— (K+K’), (16) 
wo? +k? 
wo 
and XS =mwy—-———_(K+ K’). (17) 
wo? + k? 


The complex transcendental equation given jn 
(15) is sufficient to determine values of k and wy, 
However, without making some simplifying 
assumptions, this equation is too cumbersome to 
solve. The assumptions to be made are those 
which are applicable to the vibrating plates dis. 
cussed in the next section. If one assumes that 
the second and third terms of the right-hand side 
of Eq. (16) are small compared with the first and 
that Rk<wo and K/wo<mw, then Eqs. (16) and 
(17) reduce to 


Ry =R/S, 


(18) 
Xo =(mw/S) a (K’'/ Sw). 


and 


Of course, it must be remembered that these 
assumptions can only be valid, in any case, over 
a limited range of frequencies, since the cotangent 
term in (16) which was neglected, becomes in- 
finite at some frequencies. However in the range 
of frequencies in which calculations are made, 
the error introduced by using Eqs. (18) is well 
within the experimental error. 

Although the solution of Eq. (15) for & is by 
no means simple, fortunately an equation of this 
form has been solved graphically by Morse. 
Knowing the magnitude of the constants R, m, 
S, K, 1’, po, and c, one can obtain, with the aid of 
the graphical solutions of Morse, values of the 
quantity kl/c for various frequencies and hence 
from (9) the magnitude of the normal absorp- 
tivity a. With the simplifying assumptions made 
in Eqs. (18), it is seen from Eq. (12) that the 
reactance of Z, is zero when Xq is zero; i.e., Xo 
is zero at the natural frequency of the plate-air 
space system. From Morse’s graphical solutions 
it is seen that independent of R, ki/c is a maxi- 


® Reference 4, p. 341. 
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FREQUENCY 


Fic. 1. Experimental absorptivities for A. 


mum when Xo is zero and thus the maximum 
absorption occurs at the natural frequency of the 
plate-air space system. In the next section some 
experimental results are given which are in agree- 
ment with this theory. 


II]. EXPERIMENTAL RESULTS 


Practically all efficient absorbing materials 
now used are found to have relatively small 
absorption at the low frequencies. One object of 
this investigation was to try to find a material 
having better absorption at the low frequencies. 
The theory of vibrating plates suggested that 
such materials having the proper mass and depth 
of air space might be more efficient at the low 
frequencies. Of course agreement between theory 
and experiment can only be expected at the low 
frequencies where the absorption is principally 
caused by energy losses in the frictional resistance 
of the vibrating material and not to absorption 
because of the porosity of the material. 

The theory of the absorption of vibrating 
plates has been developed for plane waves at 
normal incidence for which the plate is assumed 
to vibrate according to the assumptions con- 
tained in the introduction. The experimental 
method of checking these calculated absorp- 
tivities has been to introduce the materials into 
a reverberation chamber where sound is incident 
at all angles. In order to compare reverberation 
room absorptivities with the calculated normal 
absorptivities the latter can be converted to the 
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FREQUENCY 


Fig. 2. Theoretical and experimental absorptivities for B. 


former by means of the experimental curve 
given by Davis.” Further the assumptions con- 
cerning the motion of the plate will only be valid 
in reverberation room measurements when the 
wave-length of the sound is large compared with 
the dimensions of the plate and the depth of the 
air space. This is a second reason why agreement 
between theory and experiment can only be ex- 
pected at the low frequencies. Unfortunately at 
the low frequencies the absorptivities as measured 
by the reverberation room method are not as 
accurately determined as those obtained at the 
higher frequencies. However, the agreement is 
much better than was anticipated. 

The vibrating plates whose absorptivities were 
measured were constructed as follows: one-eighth 
to three-sixteenths-inch Celotex board was 
mounted on the top of two-foot square wooden 
frames either 3 or 6 inches deep. The bottoms of 
these frames were covered with a fairly hard and 
rigid material. In one sample the Celotex top 
was covered with a thin layer of cotton in an 
attempt to obtain more uniform absorption at 
all frequencies. Absorption measurements were 
taken on three different vibrating plates whose 
characteristics are given in Table I. 

The natural frequencies of the plate-air space 
system were calculated by setting the reactance 
of Z, (Eq. 12) equal to zero and solving for the 
frequency. In these calculations K/w was 


7A. H. Davis, Modern Acoustics (Macmillan, 1934), p. 
216. 
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neglected in comparison with mw in accord with 
the assumptions made in obtaining Eqs. (18). 
For all frequencies greater than 100 c.p.s., 100 
K/w<mw. For this reason the magnitude of K 
is not given in Table I. 

In Figs. 1 and 2 the experimentally determined 
absorptivities are given for plates A and B. For 
B the positions of the maxima are found to be in 
satisfactory agreement with the theoretically 
predicted positions obtained from the calcula- 
tions of the natural frequencies of the plate-air 
space system (see Table I). Even at the second 
maximum the agreement is fairly good although 
this coincidence may be due to the fact that the 
absorption due to the porosity of the material 
has a maximum in this region. However, for A 
the agreement is not quite as satisfactory. The 
probable reasons for this disagreement will be 
given later. For C the reverberation room 
measurements in the vicinity of the first natural 
frequency were not satisfactory, principally 
because reverberation room measurements at 
such low frequencies are very unreliable. Hence, 
the absorption curve for C is not included. 
Several groups of measurements were taken and 
the results obtained were not consistent. How- 
ever, most of the results indicated that a maxi- 
mum absorption existed at about 150 c.p.s. 

As has been stated previously the magnitude 
of the factor k//c may be determined graphically 
when the constants of the plate and air space are 
known, and thus the absorptivity a may be 
determined from Eq. (9). All the constants 
except R, the mechanical resistance of the plate, 
are easily found. The magnitude of the resistance 
factor R may be determined approximately from 
the measured value of the maximum absorptivity 
which occurs at resonance. For B the value of R 
has been determined in this manner and the 
magnitudes of the absorptivities determined for 
the frequency region in which the assumptions 
are valid. The results are shown in Fig. 2. The 
theoretical values for the absorptivities in the 
vicinity of the second maximum were not deter- 
mined since, as already has been explained, no 
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agreement can be expected at the higher fre. 
quencies. 

For A the magnitude of the absorptivity at 
resonance cannot be determined with any 
accuracy by the reverberation room method 
where a warble tone must be _ used. Other 
methods of determining the absorptivity indicate 
a very sharp maximum at 210 c.p.s. In the 
reverberation room where one must use a fre. 
quency warble of approximately ten percent, jt 
is obvious that very sharp maxima cannot be 
determined with any degree of accuracy. There. 
fore it was not feasible to attempt a determina. 
tion of R as was done with B. Consequently 
theoretical values for the absorptivities of 4 
were not determined. It should be noticed that 
for frequencies greater than 1000 c.p.s. the 
absorptivity of A is considerably less than for 
the similar plate B which is covered with cotton, 
This indicates that for these frequencies the 
major part of the absorption is due to the porosity 
of the material. 

The sharpness of the maximum absorption of 
A indicates a small mechanical resistance. For B, 
having cotton on top, this maximum was not as 
sharp, indicating a larger resistance. Since the 
mechanical resistance in the bending of the cotton 
is presumably very small, the major part of the 
resistance R must be due to the viscous resistance 
between the cotton and the air. 

The results indicate that one can construct 
vibrating plates having considerable absorption 
at the low frequencies by using plates having a 
large mechanical resistance. The positions of the 
maximum absorptivities may be predetermined 
from the magnitude of the specific mass of the 
plate, the stiffness constant and the depth of the 
air space. 
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Comparison of Sound Absorption Coefficients Obtained by Different Methods 


F. J. WILLIG 
University of Illinois, Urbana, Illinois 
(Received January 1, 1939) 


HE sound absorption coefficient of a material 

is defined as the ratio of the intensity of the 
sound absorbed by the material to the intensity 
of the sound incident upon it. Much work has 
been done on the theory and measurement of 
this quantity, but a considerable disagreement in 
experimental results has been found to exist not 
only among the various methods employed but 
also among different observers using the same 
method. It is the object of this research to 
measure the absorption coefficient of a material 
by several methods, and attempt to account for 
the existing differences in values obtained, and at 
the same time to demonstrate a practical small 
sample method of measuring sound absorption 
coefficients. 

For this purpose three radically different 
methods were used. In the first method the 
intensity of the sound incident on and re- 
flected from a sample was measured outdoors 
by means of a directional microphone; in the 
second method sound pressures were measured 
at loops and nodes of standing waves in a tube 
with the sample at the end of it; and in the third 
method, the time of decay of sound in a rever- 
beration room was obtained with a high speed 
level recording device. The first method measures 
the coefficient for any desired angle of incidence, 
the second uses only normal incidence, and the 
third gives an ‘‘average”’ value of the coefficient. 
Since the absorption coefficient is most useful in 
its application to the correction of reverberant 
rooms, an average value is obviously what is 
most desired. However, present reverberation 
theories are inadequate, and results obtained in 
one reverberation room may differ considerably 
from those obtained in another. On the other 
hand, measurements obtained by the first two 
methods will always agree, since the assumptions 
and the theory are simple, and measurements are 
easy to take. Furthermore, the second method 
has the advantage that it requires only a small 
sample for the measurements. 


GENERAL THEORY 


(a) Outdoor method 


Morse! derives the following expression for the 
absorption coefficient for sound incident at an 


angle @: 
Zn COS6— pc?’ 
w= 1-[ | ; (1) 
Zn COSH+ pc 


where Z,, is the acoustic impedance of the absorb- 
ing material for sound at normal incidence, p the 
equilibrium density of air and c the velocity of 
sound in the air. It is to be noted that in the 
derivation of the above equation Z, is assumed 
to be real and that it is the ratio of the pressure 
to the particle velocity. 

For the present we will assume a large plane 
surface of absorbing material sufficiently thick 
and of such a nature that all sound entering the 
front surface is entirely absorbed. We will further 
assume that Z, for the material is real, 1.e., the 
pressure and the particle velocity at the surface 
are in phase for normal incidence. 

If sound is incident normally on the material, 
6=0°, one obtains from (1): 


Zn—peey 
a,=1-| , (2) 
Zn+ pe 





For grazing incidence a»=0. For a value of @ 
such that Z, cos @=pc, the coefficient is unity. 
It is not easy to measure this maximum value 
since for most materials it comes at a large angle 
of incidence where accurate measurements are 
very difficult to make. 

A further investigation of this equation shows 
that sound incident normally will be partially re- 
flected at the surface and partially transmitted 
into the material. For the part that is reflected, 
there is no change of phase. As the angle of in- 
cidence is increased the portion reflected becomes 
less and less until a value of @ is reached for which 
Z,, cos 6=pc, in which case no sound is reflected. 


1P, M. Morse, Vibration and Sound (McGraw-Hill, 
New York, 1936), p. 304. 
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The ‘component normal impedance,” Z, cos 6, 
for this angle of incidence is the same as the im- 
pedance of air, hence the sound passes through 
the surface as though no boundary existed. At 
greater angles of incidence the quantity Z, cos 0 
becomes less than the impedance of air and there 
is again a reflection but with a change of phase. 

The problem now is to find an average value 
of the absorption coefficient. Morse! suggests 
that the “component normal impedance’ be 


1.0 





Fic. 1. Average coefficient against normal coefficient. 


averaged over all angles of incidence, and the 
average value of the coefficient & corresponding 
to this average Z be used, which gives Z=Z,,/2. 
A plot of & against a, is given by the solid curve 
in Fig. 1. 

Another simple method of averaging is to 
average the quantity a» cos @ over all angles of 
incidence. One may arrive at this method by 
considering a uniform distribution of intensity 
of sound in the space from which the material 
receives energy. In this case each element of 
volume may be considered as a source of sound 
of strength equal to that of any other equal 
volume. The sound from each element inter- 
cepted by a unit area of the material is propor- 
tional to the cosine of the angle of incidence from 
that element. The plot of the average coefficient 
obtained in this manner against the normal coef- 
ficient is given by the dotted curve in Fig. 1. 


(b) Tube method? 


For measurements at normal incidence two 
different tubes were used; one a brass tube ten 


2E. T. Paris, Proc. Phys. Soc. 39, 269 (1927). 
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inches in diameter and seven feet long, the other 
a wooden tube one foot square and sixteen feet 
long. A speaker was mounted at one end of the 
tube and a sample at the other end. A smal] 
probe microphone was mounted so it could be 
moved about within the tube. The samples were 
painted on the sides and back with several layers 
of heavy oil paint so that the absorption took 
place only at the front surface of the material, 

Measurements were taken by obtaining the 
pressure p’ at a loop and the pressure p” at a 
node and calculating the absorption coefficient 
from the equation: 


Ap’p”’ 
a,=—— ° 
(p'+p"’)? 
The two tubes gave the same coefficient within 
a probable error of +0.02, after a small cor- 


rection had been made for attenuation in the 
wooden tube. 





(c) Reverberation method 


The equation of decay of sound in a rever- 
beration room is usually represented by an 
equation of the type: 


[= f'e*, 
where IJ’ is the equilibrium intensity of the sound 


when it is stopped, and J is the intensity at a 
time ¢ later. According to the Sabine* theory: 


b=csa’/4V. 


Eyring developed a _ reverberation theory 
which gives the value: 


cs log (1—a’’) 
4v0C—i—ts 


In the above equations c is the velocity of sound, 
s the total area of the room, V the volume of the 
room, and a the average absorption coefficient 
of the absorbing material in the room. 

Morse® develops the same expressions for } 
from different considerations and shows that if 
one assumes small absorption coefficients, the 
first equation is approximately valid, but for 


3W. C. Sabine, Collected Papers on Acoustics (Harvard 
University Press, 1922). 

4H. Eyring, J. Acous. Soc. Am. 1, 217 (1930). 
5 P. M. Morse, Vibration and Sound, 
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COMPARISON OF SOUND 
large absorption coefficients, the second is more 
nearly true. 

Comparisons of a’, a’’ and &as obtained experi- 
mentally will be made later. 


APPARATUS FOR OUTDOOR MEASUREMENTS 


If one is to determine absorption coefficients 
by measuring incident and reflected intensities it 
is convenient to measure one intensity, if pos- 
sible, without being disturbed by the other. For 
this purpose a special miniature pressure- 
gradient condenser microphone was developed, 
the essential structure of which is shown in Fig. 2. 

It consists of a thin brass plate (positive elec- 
trode) about 13 cm wide and 3 cm long which has 
two small holes bored through it. The surface of 
this plate is covered with a layer of Cellophane 
about 0.03 mm thick for insulation. A narrow 
strip of paper about 0.08 mm thick is cemented 
across either end and a diaphragm consisting of 
aluminum foil 0.01 mm thick has its ends 
fastened loosely to these strips of paper. One end 
of the diaphragm is brought out and cemented 
to a cardboard spacer fastened to the back side 
of the plate. This is done to shield the positive 
electrode from the stray electric fields. The card- 
board spacer is used to reduce the capacity to 
ground. For symmetry and to protect the 
diaphragm, another brass plate similar to the 
first is mounted in front of it. The entire micro- 
phone is then surrounded with a layer of metal 
foil except for the holes, from which the foil is 
removed to allow sound pressure to enter. The 
positive electrode is connected to a potential of 
+180 volts, the diaphragm and shield being at 
ground potential. The alternating e.m.f. devel- 
oped by the vibration of the diaphragm is 
brought to an amplifier where it is impressed on 
the grid of a 38-tube across a resistance of 40 
megohms. 

When measuring coefficients it is desirable to 
keep the amplifier system out of the sound beam, 
an arrangement that is brought about by using 
a long ten-foot shielded lead to connect the 
microphone to the amplifier. The capacity to 
ground of this connection is not large enough to 
cut down the sensitivity materially. The par- 
ticular advantage of the microphone lies in its 
unusually sharp directional characteristics. If 
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placed near a small source of sound so that the 
connecting lead is essentially out of the sound 
field, the response in its insensitive direction 
compared with the response in its most sensitive 
direction may be as small as one percent; but in 
actual use the long connecting lead in the field 
raises this value to three to five percent. The 
signal picked up by the microphone is amplified 
linearly and read from a General Radio vacuum 
tube voltmeter. 

To obtain a “beam” of sound, a 12-inch 
Jensen dynamic loudspeaker was placed about 
15 feet from the sample to be tested. The 
miniature directional microphone described pre- 
viously was mounted in front of the sample to 
measure the intensities of the incident and 
reflected sound. To measure the intensity of the 
reflected sound without interference from the 
incident sound, the microphone was mounted in 
position with the sample removed, then rotated 
to a position of minimum response as shown by 
the vacuum tube voltmeter, thus indicating that 
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Miniature Pressure Gradiert Microphore 


Fic. 2. Diagram of structure of microphone. 


the incident sound had practically no effect on 
the microphone. The sample was then put in 
place so that the reflected sound gave a deflection 
V’ on the voltmeter. A perfect reflector sub- 
stituted for the sample reflected all the incident 
sound, so that the reading V”’ of the voltmeter 
now gave the reading for the incident sound. The 
coefficient was then calculated from the equation: 


a=1-—(V’/V")?. 
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The use of the perfect reflector for measuring 
incident intensity has the advantage that the 
directional characteristics of the microphone 
(response vs. angle of incidence) play no part, 
the incident and reflected sound being measured 
at the same angle of incidence on the microphone. 
One is required merely to place the sample and 
reflector in the same positions, which is a rela- 
tively simple matter. 

A typical set of data is shown in Table I. The 
second row gives the voltmeter readings V’ for 
the sound reflected from the sample, the third 
row V” for sound reflected from the perfect 
reflector, and the fourth, called minimum level, 
given the reading with the sample removed. This 
minimum level is due to pick-up in the leads and 
lack of perfect directional qualities of the micro- 
phone. Its value is small and can be neglected in 
most cases. The row designated a (uncorrected) 
gives the coefficient ignoring the minimum level 
readings. The last row gives coefficients obtained 
by subtracting from each reading its correspond- 
ing minimum level. In each case the uncorrected 
and corrected coefficients differ by only a small 
amount, which becomes somewhat greater nearer 
grazing incidence. In any case, however, the dif- 
ference is only about the size of the probable 
error, and is of no great importance for the 
present investigation. 

The sample consisted of 27 square feet of 
material mounted on a sheet of pressed board. 
The sample could be turned around 180° and the 
back surface used as a ‘‘perfect reflector” having 
the same area as the sample surface. A simple 
test showed that the back absorbed less than two 
percent of the sound incident upon it. The 27 
square feet were arranged in the form of a 
rectangle nine feet long and three feet wide, so 
that for larger angles of incidence, the reflecting 
area was large enough to avoid diffraction effects. 


PROCEDURE AND RESULTS 


To have any meaning, the coefficient must be 
independent of the distance of the microphone 
from the sample, at least over some range. This 
condition was tested and it was found that there 
did exist such a range for those frequencies for 
which the wave-length was somewhat smaller 
than the smaller dimension of the sample. 


WILLIG 


Because of this limitation the measurements 
were taken at frequencies of 500 cycles per 
second and above, and at distances of from six 
inches to two feet from the sample. Very near 
the sample and at near grazing incidence it was 
found, as one would expect, that the incident 
sound was “‘bent in’’ toward the sample, so that 
the microphone placed there would read not 
only the reflected pressure but also some of the 
incident pressure, giving a coefficient too small. 
On some thick perforated material, the coefficient 
calculated from data obtained with the micro- 
phone within an inch of the material yielded 
negative coefficients. This difficulty was easily 
overcome. The microphone was mounted in 
position and oriented to a minimum response 
without the sample present. The sample was then 
placed near the microphone and parallel to the 
direction of the incident sound. It was then 
moved away from the microphone until the 
response was essentially the same as when the 
sample was not present. Six inches was found to 
be a sufficient distance for the samples used, so 
all measurements used were taken with the 
microphone more than six inches from the 
sample. 

Measurements were taken at angles of in- 
cidence between 15 and 75 degrees. At either 
grazing or normal incidence the direction of the 
sound reflected from the sample is in the same 
or the exactly opposite direction as the incident 
sound, hence cannot be measured by this method. 
The microphone response for angles of incidence 
outside the range of 15 to 75 degrees was not 
sufficiently above the pick-up level of the 
apparatus to give measurements of sufficient 
accuracy to be useful. 

The theory just described can be used only if 
the specific acoustic impedance of the material is 
real, a condition which exists if there is no phase 
change on reflection. To test this property, the 
microphone, due to its directional qualities, if 
placed where two intersecting beams of sound 


TABLE I. Sample set of data. 











ANGLE OF INCIDENCE 15° | 25° | 35° | 45° | 55° | 65° | 75° 
Sample V’ 9.8 9.5 7.5 7.5 5.7 4.7 | 23 
Reflector V”’ 13.1 | 13.8 | 12.0 | 13.1 | 11.0 | 11.6 | 10.0 
Minimum level 0.7 0.7 0.6 | 0.5 0.6 | 08 1.2_ 
@ uncorrected 0.44| 0.53} 0.61} 0.67| 0.73) 0.84) 0.95 
a corrected 0.46) 0.54| 0.63} 0.69] 0.76) 0.87) 0.98 
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“100 200 300° 400 500 1000 Z, —> 


Fic. 3. Curves obtained by plotting @ against Z, for 
different values of 0, using the equation: 


se Zn Cos O— pc}? 
— Zn COS 0+ pc} 


are in phase will show a zero response for an 
orientation for which the pressure components 
on the opposite faces are equal. If a point is 
chosen where the two beams are not in phase a 
zero response cannot be obtained, since there 
will always be a resultant pressure difference 
across the diaphragm. Since the specific acoustic 
impedance of a perfect reflector is real and 
infinite, it was necessary merely to compare the 
phase of the sound reflected from it with that 
reflected from the sample, using the sound 
directly from the source as a reference. The 
reflector was put in position at a convenient 
angle to the incident sound with the microphone 
some distance from it in the field of both the 
reflected sound and the sound directly from the 
source. A position of zero orientation was found 
by trial and error. Without changing the position 
of the microphone the reflector was replaced by 
the sample, and the microphone again rotated 
to a position of minimum response. This mini- 
mum was practically the same as that obtained 
using the reflector, and smaller than could be 
obtained at any nearby position. From this 
simple test one concludes that the phase of the 
sound from the sample is the same as that from 
a perfect reflector, and that the specific acoustic 
impedance of the sample is real, and the equa- 


tion: 
Z, COS O— pc}? 
et 4 
Z, COS 0+ pc 





should be valid. Curves of absorption coefficient 
against impedance are plotted (Fig. 3) for the set 
of values of @ at which measurements were taken. 
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By means of these curves it was possible to 
find the value Z, corresponding to the absorption 
coefficient obtained for any particular angle of 
incidence. For a given frequency the values of 
Z, corresponding to the several angles of in- 
cidence were found to be very nearly constant. 
Their average was taken and called the normal 
impedance of the material at that frequency. 

This value of Z, was then put into Eq. (1) and 
the curve of absorption coefficient against angle 
of incidence was plotted. The various points 
from which this value of Z, had been determined 
were then plotted for comparison with the values 
predicted by the curve. Fig. 4 shows three such 
curves. 

The lower curve in Fig. 4 was obtained from 
a sample using a frequency of 500 cycles per 
second, the middle curve the same sample at 1000 
cycles per second and the upper curve for a 
frequency of 3000 cycles per second. The lower 
two curves were obtained by averaging several 
sets of readings. The agreement is as close as 
could be expected considering the size of the 
probable error. The points for the upper curve 
represnt values taken from a single set of meas- 
urements, showing a substantial agreement with 
the average of several data. The points giving 
the coefficients at normal incidence were deter- 
mined by the tube measurements. They agree 
very closely with the values predicted by the 
outdoor measurements. 

The point of interest is the comparison of an 
average value of the coefficients obtained by the 
outdoor and tube measurements with reverber- 
ation coefficients. Since the two methods of 
averaging already discussed give very nearly the 
same values in the region in which the measure- 
ments were taken, only the value determined by 
averaging Z, cos @ is used for the present com- 
parison. 

The abscissa of the graph of Fig. 5 is the coef- 
ficient obtained by averaging the outdoor 
measurements. The ordinate given the corre- 
sponding coefficient for the case under consider- 
ation. The 45-degree line is drawn in for reference. 
From this graph it is seen that average values of 
tube coefficients are approximately the same as 
the average values obtained from outdoor 
measurements, whereas neither reverberation 
formula yields the same value as average outdoor 
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Fic. 4. Curves obtained by plotting a against 6 for three different values of Z,, using the 


=1— Zn COS O— pc}? 
ai Zn COS 0+ pc} 


equation: 


coefficients, one being too large, the other too 
small. 

In measuring coefficients outdoors, one meas- 
ures the excess pressure of the incident and 
reflected sound, takes their ratio, squares it, and 
subtracts from unity. If these two pressures are 
nearly equal or if either is near zero, the error in 
measurement will become large. If the reflected 
pressure is just half of the incident pressure, i.e., 
the coeficient is 0.75, the error will be a minimum. 
For coefficients greater or less than 0.75 value 
the error will increase. Coefficients much in 
excess of 0.9 or less than 0.2 were found very 
difficult to determine with any degree of accu- 
racy. However for coefficients in the region 
between 0.5 and 0.85 where most data were 
taken, a set of four measurements gave a probable 
error of about +0.02 which is better than could 
be assigned to the corresponding reverberation 
coefficients. 


CONCLUSION 


The coefficient of absorption as defined varies 
with the frequency of the sound and the angle of 
incidence. Since for most porous materials the 
variation of absorption with frequency is fairly 
uniform, the curve of absorption against fre- 
quency can be determined by taking measure- 
ments at a comparatively few frequencies and 
drawing a smooth curve through the points so 
located. 

When absorbing material is put in a room, one 
is not interested in the absorption coefficient at 
some particular angle or angles of incidence, but 


rather in the change of the decay constant of the 
room due to the presence of the material. No 
reverberation theory has as yet been able to 
express reverberation time as a function of ab- 
sorption coefficient in such a way that a unique 
coefficient may be determined for a material 
from measurements taken under different experi- 
mental conditions and in different reverberation 
rooms. For that reason it is impossible to test 
accurately any reverberation theory for aver- 
aging coefficients over angles of incidence. 

This investigation shows that it is possible 
either by the outdoor or by the tube method to 
obtain a given coefficient or set of coefficients 
which may be used in determining a unique 
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Fic. 5. Comparison of coefficients. The ordinate gives 
average coefficients from outdoor measurements. The 
corresponding coefficient, obtained by the other methods 
are read from the abscissa. 
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COMPARISON OF SOUND 
average value for the material, which is essen- 
tially the same for either method. Since these 
methods yield average coefficients between the 
values obtained from the two most accepted 
reverberation theories, it would seem that these 
average coefficients would be at least as useful 
as those obtained by reverberation methods, and 
at the same time be much more convenient to 
measure, and reproduce. 

It has been shown that, for the type of ma- 
terials used, the tube method gives the same 
average value as the outdoor method. It would 
seem logical to suggest that the tube method be 
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accepted as a standard method of measuring 
absorption coefficients provided that the average 
coefficient, and not the normal incidence coef- 
ficient be calculated. Furthermore, the tube 
method has two distinct advantages over the 
outdoor method, namely that only a small 
sample is required, and that experimental con- 
ditions are much more easily controlled indoors 
than outdoors. 

In conclusion, the writer wishes to take this 
opportunity of expressing his sincere appreci- 
ation to Dr. F. R. Watson for his many helpful 
comments and suggestions. 
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A Reverberation-Time Scale for High Speed Level Recorders 


KERON C. MorRICAL 
RCA Manufacturing Company, Camden, New Jersey 


(Received January 16, 1939) 


HE determination of the reverberation time 

of theaters, auditoriums, studios, etc., has 

been much facilitated by the advent of the high 

speed level recorder. This instrument, previously 

described in the literature, * not only allows the 

easy determination of the rate of decay of sound 

energy at any position within the room, but also 

gives a time picture of the instantaneous sound 
level at that position. 

It is the purpose of this article to describe 
briefly a scale designed for the rapid reading of 
the reverberation time directly from the decay 
curve recorded by the high speed level recorder. 
Typical decay patterns have been described by 
Stanton, Schmid and Brown,’ and by Bedell and 
Swartzel.! 

Figure 1 shows a representative decay curve 
with the “‘best”’ straight line fitted to it, making 
an angle of a with the axis. The potentiometer 
has a range of R db and the paper moves at a 
speed of V cm/sec. As shown, Tp is the time 
required for the sound energy to decay over 
R db, the range of the potentiometer, and bears 
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Fic. 1. Representative decay pattern obtained on high 
speed level recorder. 


1E. C. Wente, E. H. Bedell and K. D. Swartzel, Jr., 
‘High Speed Level Recorder for Acoustic Measurements,”’ 
J. Acous. Soc. Am. 6, 121 (1935). 

2 Hans-Joachim von Braunmuhl and Walter Weber, 
“Ein vielseitiges registerendes, Mess- und Steurgerat fur 
elektroakustische Zwecke,’’ E.N.T. Part 8, 12, 223 (1935). 

3G. T. Stanton, F. C. Schmid and W. J. Brown, Jr., 
“‘Reverberation Measurements in Auditoriums,” J. Acous. 
Soc. Am. 6, 95 (1934). 

4E. H. Bedell and K. D. Swartzel, Jr., ‘‘Reverberation 
Time and Absorption Measurements with the High Speed 
Level Recorder,’’ J. Acous. Soc. Am. 6, 130 (1935). 


the following relation to the reverberation time: 
T=Tpr(60/R). (1) 
From the geometry of Fig. 1, 
tan a=(y/x)=5/VTpR 
= 300/RVT, (2) 


whence T= (300/RV) cota=kcota. (3) 


Paper speeds of 50, 10 and 1 mm/sec. are 
supplied and potentiometers of 25, 50 and 75 db 
ranges are available. Table I shows the factor by 
which cota is to be multiplied to obtain the 
reverberation time, for the combination of poten- 
tiometer and paper speed in use. 

After finding the best straight line, much time 
is consumed by measuring a, looking up cot a in 
the tables, and then multiplying by the proper 
factor given above. The scale shown in Fig. 2 
was engraved according to Eq. (3). Fig. 3 shows 
this scale in use. The dashed base-line of the 
scale is made to fit the decay pattern, and it is 
therefore not necessary to draw in the best 
straight line. The scale is moved along the base- 
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Fic. 2. Scale for determining reverberation time directly 
from decay pattern. 
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TABLE I. Values of k for different paper speeds and poten- 


tiometer ranges. 








PAPER SPEED 


POTENTIOMETER 











50 10 1 mM/SEC. 
25 db 2.4 12 120 
50 db Ls 6 60 
75 db 0.8 4 40 
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Fic. 3. Scale in use. 


line until the origin is on one of the db lines, and 
the time is then read where this db line crosses 
the engraved edge of the scale. A time of 1.54 
seconds is shown. In other words, this scale will 
measure the time with greater ease than a pro- 
tractor will measure only the angle. 

For any error, Aa, in fitting the straight line to 
the decay pattern, an error AT appears in the 
time. 

T=k cot a, 
T= —k csc? ada, 


and the relative error is 
AT csc? a 


—=- Aa 
T cot a 





— Aa 
=——_—_— (4) 


sin a COS @ 


For an extremal value, the derivative of Eq. 
(4) with respect to a must be zero: 


d(AT/T) d 1 
-- —= —Aa— —————_- = 0 
da da sin a COS a 





= (csc? a—sec? a)Aa=0, (5) 


from which a=45°. 
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Fic, 4. Relative error AT/T as a function of a for Aa=10 
minutes. 


The sign of the second derivative indicates 
that the absolute value of the relative error is a 
minimum for a slope of 45°. In Fig. 4 the relative 
error is plotted for different values of a with an 
arbitrary value for Aa of 10 minutes of arc. It 
will be seen that the interpretation of decay 
curves is not at all critical over a wide region 
centered on 45°, the error being within one 
percent from 20° to 70°. However, for accuracy’s 
sake, the use of very steep or very flat decay 
patterns should be avoided by the proper selec- 
tion of potentiometer range and paper speed from 
Table I. 
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Reverberation-Time Meter 
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HE following paper describes a reverbera- 
tion-time meter that has been developed in 
the Electrical Engineering Department at the 
Massachusetts Institute of Technology. Its prin- 
cipal merits are simplicity, speed, precision and 
portability. Furthermore, it requires no electrical 
or mechanical connection to the source of sound 
used for the measurements, and is independent 
of any external power supply. A photograph of 
the instrument is shown in Fig. 1. 


THEORY OF OPERATION 


The operation of the meter, and the significance 
of some of the features incorporated in its design, 
can be described with reference to Fig. 2, which 
shows a functional diagram of the system, and 
Fig. 3, which shows some highly idealized plots 
of the build-up and decay of sound in a room. The 
meter is so designed that as the reverberating 
sound in a room decreases in intensity two relays 
are tripped in succession at different sound levels. 
The first relay, S; of Fig. 2, starts the charging of 
the condenser C through a fixed resistor R by 
removing the short circuit across the condenser, 
and the second relay, Se, stops the charging by 
removing the supply voltage. Therefore, the 
voltage across the condenser is determined by the 
time interval between the operation of the two 
relays. This voltage is applied to the grid of the 
vacuum tube V;. The milliammeter M, which is 
calibrated to read directly in seconds, is in the 
plate circuit of the tube. 

The time interval, T,; of Fig. 3(a), required for 
the sound level to decrease from level Ly at which 
the first relay operates to the level L; at which the 
second relay operates is thus indicated directly on 
the meter. The reverberation time of a room can 
be determined approximately by asingle measure- 
ment of this sort. A more precise determination 
may be made by making a plot of the decay of 
sound. Such a plot may be made by changing the 
level at which the second relay operates by known 
amounts, for example, from L; to Le, Fig. 3(a),and 
repeating the measurement of the time interval. 


The feature that probably contributes most to 
the satisfactory operation of the mechanism js 
the interlocking circuit between the two relays 
which prevents their operation except in the 
proper sequence. The sound pressure intensity at 
any one place in a room seldom follows a smooth 
curve like that shown in Fig. 3(a), but fluctuates, 
as indicated in Fig. 3(b). In the absence of any 
interlock on the relays the timing would start at 
the last decrease of the sound level below Ly. 
Fluctuations of the sound level about L,; would 
cause the second relay to open and close which 
would result in an uncertainty as to when the 
timing stops. There is also the danger of losing a 
reading entirely, if the sound level rises again 
above L, before the operator has read the meter, 
or of getting false readings if the level rises above 
L, for a short period, as indicated in Fig. 3(c), 
The interlocking circuit eliminates these diffi- 
culties. The first relay, S;, is locked once it has 
operated, and is held until the second relay, Ss, 
has operated. Sz is in turn locked and held until 
the sound level rises above Lo and the first relay, 
S:, releases. As a result, the meter indicates the 
interval from the first time the sound level 
decreases below Ly to the first time it decreases 
below Li. 

Since both the starting and the stopping of the 
timing operation occur within the meter itself, no 





Reverberation-time meter with modified sound 
level meter. 
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connection to the source of sound used in the 
measurements is required and practically any 
source of sound can be used. Measurements have 
frequently been made using ordinary speech of 
music, although for obvious reasons a con- 
ventional warble tone, or a source such as the 
multitone described by Barrow, is preferable. 


CIRCUIT 


The circuit is shown in Fig. 4. The microphone, 
most of the amplification, and part of the 
calibrated attenuator between the two relays are 
provided by a General Radio Type 759A Sound 
Level Meter, to which two jacks have been added. 
A plug inserted in one of these jacks bridges an 
amplifier ahead of the attenuator in the sound 
level meter. This bridging amplifier operates the 
first relay. A plug inserted in the second jack 
disconnects the milliammeter on the sound level 
meter, and connects an amplifier which operates 
the second relay. The gain of this amplifier can 
be adjusted so that both relays operate at the 
same sound level for some arbitrary setting of the 
calibrated attenuator. The difference between the 
levels at which the relays operate is then given 
directly by the change in setting from this 
initial position. An attenuator in the reverbera- 
tion meter case provides two db steps to inter- 
polate between the ten db steps of the attenuator 
on the sound level meter. 





Fic. 2, Functional diagram of reverberation-time meter. 


A variable resistor shunting the input to the 
amplifier that is bridged across the sound level 
meter makes possible the adjustment of the 
sensitivity of the system, so that the timing 
operation can start near the highest sound level 
reached in the room. This allows the greatest 
possible measurement range above the noise level 
in the room. 

The general operation of the interlocking relay 
circuit has been described above. An additional 
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Fic. 3. Idealized plots of sound decay. 


feature is that when relay Sz operates, it not only 
removes the lock on relay S;, but also shunts a 
by-pass resistor across the winding of S;. This 
resistor passes a current approximately equal to 
the difference between the attract and release 
currents of the relay, so that the sound level at 
which S, releases is only slightly above the level 
at which it attracts and starts the timing opera- 
tion. In the absence of this resistor the sound 
level in the room would have to reach a maximum 
considerably above the level at which timing 
commenced, in order to release the relay. 

The method of calibrating which is used 
minimizes the effects of changes in tube charac- 
teristics and variation of battery voltages as- 
sociated with the timing circuit. The voltage 
applied to this RC timing circuit is adjusted to 
give definite plate currents at times T=0 and 
T=, which are marked on the face of the 
indicating meter. The argument on which this 
method of calibration is based is that the shape of 
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Fic. 4. Circuit diagram of reverberation-time meter. 


the E,—T, characteristic for any tube of a given 
type will be essentially the same between two 
particular values of current, for any value of 
plate voltage that might be expected from the 
batteries in the course of normal operation. 
Furthermore, the curvature of the E, —J, charac- 
teristic is used to compensate for the exponential 
rise of voltage across the condenser in the timing 
circuit, thus providing a very nearly linear time 
scale on the meter. 


Three ranges of 0.4, 1.6 and 6 seconds, re- 
spectively, are provided by the use of different 
resistors in the timing circuit. 

The operation of this reverberation meter is 
very simple. Little experience is required to use 
it. It has already proved very satisfactory for a 
wide variety of applications, ranging from meas- 
urements in occupied rooms where speed 
important, to measurements in reverberation 
chambers where precision is essential. 
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Multiple Coil, Multiple Cone Loudspeakers 


Harry F. OLson 
RCA Manufacturing Gompany, Camden, New Jersey 


(Received December 7, 1938) 


A consideration of the direct radiator loudspeaker shows that to obtain uniform response, 
relatively high efficiency and adequate power handling capacity over a wide range requires a 
large diameter, rugged diaphragm and heavy coil at the lower frequencies and a relatively 
light weight vibrating system at the higher frequencies. This paper describes a number of 
direct radiator loudspeaker systems which satisfy these requirements: the double coil, single 
cone loudspeaker; the single coil, multiple cone loudspeaker; the double coil, double cone 
loudspeaker; the multiple coil, multiple cone loudspeaker. 


I. INTRODUCTION 


HE almost universal use of the direct 

radiator loudspeaker is due to the sim- 
plicity of construction, small space requirements, 
and the relatively uniform response character- 
istic. Uniform response over a moderate fre- 
quency band may be obtained with any simple 
direct radiator dynamic loudspeaker. However, 
reproduction over a wide frequency range is 
restricted by practical limitations. The two 
extreme ends of the audiofrequency band are the 
most difficult to reproduce with efficiency com- 
parable to that of the mid-audiofrequency range. 
Inefficiency at the low frequencies is primarily 
due to the small radiation resistance. There are 
a number of means available for increasing the 
radiation resistance at the low frequencies. A 
large radiation resistance may be obtained by 
using a large cone. A phase inverter consisting of 
a completely enclosed cabinet with ports provides 
a means for increasing the low frequency range. 
A horn may be used for presenting a large radi- 
ation resistance to a diaphragm at the low 
frequencies. The efficiency of a direct radiator 
loudspeaker at the high frequencies is limited by 
the mass reactance of the vibrating system. 
There are a number of arrangements suitable for 
reducing the mass of the vibrating system at the 
high frequencies. Two or more separate loud- 
speaker mechanisms may be used, each designed 
to reproduce a certain portion of the range. 
Multiple cones driven by a single voice coil may 





be arranged so that the mass of the system 
decreases at the high frequencies. The voice coil 
may be sectionalized to decrease the mass and 
inductance at the high frequencies and thereby 
increase the high frequency range. Multiple coils 
and multiple cones combined into a single 
mechanism may be designed to yield uniform 
response to the upper limit of audibility. It is the 
purpose of this paper to illustrate several means 
for decreasing the effective mass of the vibrating 
system of a direct radiator loudspeaker at the 
high frequencies and to describe several direct 
radiator loudspeaker systems having uniform 
efficiency and large power-handling capacity 
over a wide frequency range. 


II. SINGLE CoIL, SINGLE CONE 
LOUDSPEAKER 


The simple dynamic loudspeaker consists of a 
paper cone driven by a voice coil located in a 
magnetic field. The mechanical impedance of 
this arrangement is given by 


Zu= ructjX met+rma +jX wa, (1) 


where_r1c=mechanical resistance in the dia- 
phragm, X wc= mechanical reactance of the cone 
and coil, 71,4 =mechanical resistance due to the 
air load, and X 4=mechanical reactance due to 
the air load. 

The efficiency of this loudspeaker may be 
expressed as 


(Bl)*rva 





.=— ; aroma cana 
(ruct+raa)(Bl)?+rep[ (ructraua)?+(X ma tX uc)” 10° 
305 


x 100, (2) 
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Fic. 1. The impedance frequency characteristics of three cone loudspeakers having 1”, 4”’ and 16” 
p ] y Pp g ’ 

diameter cones and the efficiency frequency characteristics of the three loudspeakers. X 4¢ = mechanical 

reactance of the cone and coil, X;,4=mechanical reactance due to air load, r4.4 = mechanical resistance 


due to the air load and u=efficiency. 


where rzp=resistance of the voice coil, in ohms, 
l=length of the conductor of the voice coil, in 
centimeters, and B= flux density in the air gap, 
in gauss. 

In general ryc is small and may be neglected. 
If ra is small compared to X y4 and X we Eq. (2) 
becomes 


(Bl) MA 
K — 
repd(X mat+X uc)710° 





(3) 


In terms of the resistivity and density of the 


voice coil the efficiency is 


B*ryamy 
= —§ >< 100, (4) 
pK(X wa + Xv c) 3 





where m,=mass of the voice coil, in grams, 
p=density of the voice coil conductor, in grams 
per cubic centimeter, and K =resistivity of the 
voice coil conductor, in ohms per centimeter 
cube. 

From the standpoint of maximum efficiency 
it is desirable to make the mass of the cone as 
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MULTIPLE COIL, 
small as possible. The maximum efficiency occurs 
when the mass of the coil is equal to the air load 
mass plus the cone mass. To fulfill this condition 
is not practical save at the high frequencies. 
The impedance and efficiency characteristics 
of loudspeakers with 16”, 4” and 1” diameter 
cones are shown in Fig. 1. The weight of the 
cone and voice coil of the 16” cone is typical of 
loudspeakers of this size in use today, The 
efficiency has been computed assuming that all 
parts of the cone move with the same phase. The 
constants of the 4”’ and 1” cones were chosen to 
vield approximately the same efficiency as the 
16” cone. A comparison of the characteristics 
shows that it is possible to obtain efficiency com- 
parable to that of the large cone over a very 
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Fic. 2. The amplitude frequency characteristics of 


vibrating pistons, of various diameters mounted in an 
infinite wall, for one watt output on one side. 
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wide range by using a small cone and coil system. 
Of course the power-handling capacity of the 1” 
diameter cone is very small at the low frequencies. 

The peak amplitude frequency characteristics 
of vibrating pistons, of 16’’, 4’’ and 1” diameters, 
mounted in an infinite baffle for one watt of 
sound output, are shown in Fig. 2. These char- 
acteristics show that a relatively large piston is 
required to deliver adequate power at the lower 
frequencies. In addition a relatively heavy cone 
is required in order to prevent generation of 
harmonics due to spurious vibrations of the large 
surfaces. 

The characteristics of Fig. 1 show that a mass- 
controlled system delivers constant output below 
the point of ultimate resistance. To deliver 
constant output in the range where the resistance 
is constant the impedance of the entire system 
must be independent of the frequency. By suit- 
able processing of the cone it is possible to reduce 
the impedance at the higher frequencies. In any 
case there is some wave propagation in any 
diaphragm at the higher frequencies which in 
effect reduces the impedance of the vibrating 
system. 

The inductance of the voice coil and the 
increased losses, in combination with the existing 
vacuum tube driving system, is another factor 
which reduces the response of a dynamic loud- 
speaker at the higher frequencies._ The im- 


1In the circuit diagrams of Figs. 4, 6, 8 and 10 the 
voice coil is represented as a resistance and inductance in 
series. In practical loudspeakers the resistance increases 
with frequency and the inductance decreases somewhat 
with frequency. 






ASE 
| AT ta 
MD 2aiill 





























2 3 a 








4 5S 6789 
ST ee 2 3 104 


FREQUENCY IN CYCLES PER SECOND 


Fic. 3. The impedance frequency characteristics of a 13-inch diameter voice coil of 140, 


70 and 18 turns and all having 10 ohms d.c 
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Fic. 4. Cross-sectional view of the double coil, single cone loudspeaker with the 
voice coil circuit diagram and equivalent electrical circuit of the mechanical system. 
req internal resistance of generator, e internal voltage of the generator, rg: and L; 
resistance and inductance of the large coil and rg2 and Lz resistance and inductance 
of the small coil and Cg capacitance of the condenser shunting the large coil. my, 
mass of the large coil, m2 mass of the small coil, Z37; mechanical impedance of the 
cone at the voice coil, Cy and ry, compliance and mechanical resistance of the cor- 
rugation, fir force generated in the large coil and fyr2 force generated in the small coil. 


pedance characteristics of the vacuum tube 
power amplifiers are generally designed so that 
the voltage across the loudspeaker, for constant 
voltage applied to the input of the power stage, 
is independent of the frequency. Therefore, the 
current in the voice coil is inversely proportional 
to the impedance. The impedance characteristics 
of several voice coils are shown in Fig. 3. In the 
case of a large heavy voice coil the rapid increase 
of the impedance at the higher frequencies causes 
a corresponding reduction in the driving force. 
To maintain the driving force at the higher fre- 
quencies requires a relatively low ratio of the 
inductive reactance to the resistance, which for 
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a constant value of the resistance is equivalent 
to a reduction in the mass of the voice coil. By 
sectionalizing the voice coil both mechanically 
and electrically it is possible to reduce the mass 
and the electrical impedance at the higher 
frequencies. 

The above discussion, together with Figs. 1, 
2 and 3, shows that to obtain adequate power- 
handling capacity and uniform response over a 
wide frequency range requires a relatively large 
diameter and heavy diaphragm and large coil at 
the lower frequencies, and a relatively light 
weight vibrating system at the higher frequen- 
cies. There are a large number of direct radiator 
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A. The response frequency characteristic of a double coil, single cone loudspeaker. 


B; a a response frequency characteristic of the same cone as in A driven by a single coil. 
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Fic. 6. Cross-sectional view of the multiple cone, single coil loudspeaker with the 
voice coil circuit diagram and the equivalent electrical circuit of the mechanical 
sy stem. ’eG internal resistance of the generator, eé internal voltage of the generator, 
re, and L resistance and inductance of the voice coil. m; mass of the coil, Zi1, Zo 
and Zy3 mechanical impedance of the large, intermediate and small diameter cones 
Cui and ry; compliance and mechanical resistance of the corrugation in the large 
cone and Cy2 and ry2 compliance and mechanical resistance of the corrugation in 
the intermediate cone. fy force generated in the voice coil. 
loudspeaker systems which may be built to is large compared to the impedance of the larger 
leat satisfy these conditions. It is the purpose of the _ portion of the voice coil L1, rz; and the mechanical 
: , : ; : ; 

B sections which follow to consider a number of reactance of the compliance Cy separating the 
ie these systems. two portions of the voice coil is large compared 
ae to the mechanical mass reactance of m, and the 
a III. DouBLeE CoIL, SINGLE CONE mechanical impedance Zy1. Therefore, in the 
yher amas 

LOUDSPEAKER? low frequency range the action is the same as 
| — o" that of a single coil loudspeaker. At high fre- 
3. 1, The double coil, single cone loudspeaker (Fig. ; 8 P ; aap 

‘ : : a eget é quencies the reactance of the capacitance C,x is 
wer- 4) consists of a voice coil, divided into two parts : 

F : small compared to the impedance of Zi, rz: or 
er a separated by a compliance, coupled to a single : 

é ; Le, reg and the mechanical reactance of the com- 

arge corrugated cone. The larger portion of the voice ; ae ; 
; ; ; : pliance Cy is small compared to the mechanical 
il at coil Li, rz1 is shunted by a capacitance Cg. At myace : 
; : : reactance of m,. The cone is driven by the lighter 
ight low frequencies the reactance of the capacitance ; ; ; 
wa portion mz of the voice coil and the heavy coil 
ae 2H. F. Olson, Proc. Inst. Rad. Eng. 22, 33 (1934). m remains stationary. In the mid-range there is 
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Fic. 7. A. The response frequency characteristic of a single coil, multiple cone loudspeaker. 
B. The response frequency characteristic of the same large cone driven by the same coil 
as in A, 
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voice coil circuit diagram and the equivalent electrical circuit of the mechanical 
system, rzq internal resistance of the generator, e internal voltage of the generator, 
rg, and L; resistance and inductance of the large coil and rz2 and Ly» resistance and 
inductance of the small coil and Cg capacitance of the condenser shunting the large 
cone. m, mass of the large coil, m2 mass of the small coil, Z;7: mechanical impedance 
of the large cone, Zx72 mechanical impedance of the small cone, Cy; and ry compli- 
ance and mechanical resistance of the corrugation, fi: force generated in the large 





coil and fy2 force generated in the small coil. 


a phase difference between the currents in the 
two portions of the voice coil. A corresponding 
phase shift occurs in the mechanical system. As 
a consequence a smooth overlap is obtained in 
going from two-coil operation at the low fre- 
quencies to single-coil operation at the high 
frequencies. Above the frequency of ultimate 
resistance the radiation resistance is a constant. 
In order to obtain uniform output in this range 
the impedance of the system must be inde- 
pendent of the frequency. This may be accom- 
plished by embossing suitable corrugations in the 
cone which reduce the effective mass reactance. 
The double coil system reduces the effective 
mass reactance as well as the electrical impedance 
at the higher frequencies. A typical response 
characteristic of this loudspeaker is shown in Fig. 
5. The response characteristic on the same cone 
driven by a single coil is also shown in Fig. 5. 


IV. SINGLE cCoIL, MULTIPLE CONE 
LOUDSPEAKER 


A typical single coil, multiple cone loudspeaker 
(Fig. 6) consists of a single coil coupled to three 
cones. In this system an increase in frequency 
range is obtained by reducing the impedance of 
the diaphragm by coupling successively smaller 
cones to the voice coil. The three cones Zui, 
Zuo and Zy3 are separated by compliances Cu 
and Cy. At low frequencies the mechanical 


reactance of the compliances Cy or Cz is large 
compared to the mechanical impedance Zy or 
Zz and consequently the entire system moves 
as a whole. In the upper mid-range the mechan- 
ical reactance of the compliance Cy is small 
compared to Zy and the two cones Zye and 
Zz move together while Zs; remains substan- 
tially stationary. At high frequencies the me- 
chanical reactance of the compliance Cy2 is small 
compared to Ze and the small cone Z73 moves 
while the cones Zy2 and Zy remain stationary. 
By means of this reduction in cone impedance the 
range may be extended almost a full octave, 
depending upon the mass and electrical im- 
pedance characteristics of the voice coil. The 
response characteristic of a single coil, multiple 
cone loudspeaker as compared to a single coil, 
single cone loudspeaker is shown in Fig. 7. The 
large cone and the voice coil are the same in the 
two loudspeakers. The high frequency range has 
been extended about one-half octave without 
any sacrifice of power-handling capacity. 


V. DousBLeE CorL, DoUBLE CONE 
LOUDSPEAKER 


The double coil, double cone loudspeaker 
(Fig. 8) consists of a light coil coupled to a small 
cone connected by a compliance to a heavy coil 
and large cone. In this system an increase in 
range is obtained by reducing the impedance of 


Fic. 8. Cross-sectional view of the double coil, double cone loudspeaker with the 
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Fic. 9. A. The response frequency characteristic of a double coil, double cone loudspeaker 
on the axis. B. The response frequency characteristic on a line making 30° with the axis. 


both the coil and the diaphragm at the higher 
frequencies. At low frequencies the electrical 
reactance of the capacitance Cx is large compared 
to the electrical impedance of the large portion 
of the voice coil Zi, 72; and the same current 
flows in both coils. The mechanical reactance of 
the compliance Cy separating the two portions 
of the coil is large compared to the mechanical 
impedance of m. Therefore, at low frequencies 
the system behaves as a single coil, single cone 
loudspeaker. Both parts of the voice coil are used 
at low frequencies; no air gap flux is wasted as 
would be the case if two separate units were used. 
At high frequencies the electrical capacitance Cg 
is small compared to the impedance of either the 
heavy coil Zi, rg; or the light coil Le, re, and 
practically all the current flows in the light coil. 
The mechanical impedance of the compliance Cy 
is small compared to the mechanical reactance of 
m, or the mechanical impedance of Zs. There- 
fore, at high frequencies the small cone Zxy2 is 
driven by the light coil m2 and the heavy coil m, 
and the large cone Zy; remains stationary. This 
system is equivalent to two separate loud- 
speakers. The advantage, of course, resides in the 
fact that only a single field structure is needed 
of the size required to accommodate a coil the 
size of the two coils. Such a field structure, coil 
system and large cone would be required to give 
equivalent performance at the low frequencies. 
The response frequency characteristic of a double 
cone, double coil loudspeaker is shown in Fig. 9. 
The response at 30° from the axis is also shown. 


The small deviation from the response on the axis 
is another advantage of a multiple cone loud- 
speaker. This system provides a means of obtain- 
ing good response to 14,000 cycles. At the same 
time the diameter of the large cone can be chosen 
so that moderate power-handling capacity as a 
direct radiator loudspeaker may be obtained at 
the low frequencies. 


VI. MuLtieLe CorL, MULTIPLE CONE 
LOUDSPEAKER 


A triple coil, triple cone loudspeaker is shown 
in Fig. 10. This system is in effect a combination 
of the three single coil, single cone loudspeakers 
shown in Fig. 1. At low frequencies the electrical 
reactance of the capacitances Cg; and Cre is 
large compared to the electrical impedance of the 
sections L,, rz; and Lo, rz of the voice coil. The 
mechanical reactance of Cy and Cwype is large 
compared to Zy1 and Zy2. Therefore the entire 
system moves as a whole and behaves as a single 
coil, single cone loudspeaker. In the mid-range 
the electrical reactance of the capacitance Cz; is 
small compared to the impedance of Li, rz: and 
the current flows in Lo,rg2 and L3, rg3. The 
mechanical reactance of Cy is small compared 
to the mechanical reactance of m, or the me- 
chanical impedance of Zs. In this range, cones 
Zaz and Zy3 move together while Zy remains 
stationary. At high frequencies the electrical 
reactance of Cz; and Cre is small compared to 
the electrical impedance of Zi, rz: and Lo, rz 
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Fic. 10. Cross-sectional view of the multiple coil, multiple cone loudspeaker with 
the voice coil circuit diagram and equivalent electrical circuit of the mechanical 
system. rgq internal resistance of the generator, e internal voltage of the generator, 
rei, Li, tro, Le and rg, Ls resistance and inductance of the large, intermediate and 
small coils, Cz: capacitance shunting the large coil and Cre capacitance shunting the 
intermediate coil. m,, m2 and ms; mass of the large, intermediate and small coils Zy1, 
Zmz2 and Zy3 mechanical impedance of the large, intermediate and small cones, Cay, 
rmi1 compliance and mechanical resistance of the corrugation separating the large 
and intermediate coil, Cys2, 742 compliance and mechanical resistance of the corruga- 
tion separating the intermediate and small coil and fm, fare and fas forces generated 
in the large, intermediate and small coils. 


and practically all the current flows in Z3,rz3._ the standpoint of power-handling capacity and 
The mechanical reactance of Cy: and Cy2 is’ efficiency it is possible to duplicate the per- 
small compared to the impedance of Zy; and formance of three separate loudspeakers. The 
Zwz2 and the light coil and small cone move asa_ advantage over three separate loudspeakers 
unit while the two large cones remain stationary. _ resides in the fact that only one field structure is 
With this type of loudspeaker it is possible to required, elaborate cross-over filters are not 
reproduce to the upper limit of audibility with a required and a better directional pattern is ob- 
relatively uniform response characteristic. From tained because the axes the three cones coincide. 




















epee 






















APRIL, 1939 J. A. S. A. VOLUME 10 


Velocity of Sound in Air 


W. H. PIELEMEIER 
Pennsylvania State College, State College, Pennsylvania 
(Received November 1, 1938) 


Determinations by capable investigators of the velocity of sound in dry air at 0°C range from 
330.6 to 331.9 m/sec. Miller’s value (331.36+0.08) m/sec. is probably the best for low frequency 
(explosive) sounds. Part of this range of values may be due to dispersion. The CO: and the O» 
contents of air are sensitive to water vapor in this respect. The dispersion in air manifests itself 
as a small excess over the velocity values calculated for given humidities and temperatures by 
means of Miller’s classical formula. These calculated values of V for a given temperature are 
approximately a linear function of the vapor pressure. These and the observed values are 
plotted. Other curves show how the dispersion frequencies in CO and O: depend on the 
humidity. The ‘‘observed”’ value of Vo, the velocity of sound in dry air at 0°C, calculated from 
measurements at a given frequency and humidity by Miller’s formula depends somewhat on 


these existing conditions. 


WIDE RANGE IN “OBSERVED” 
VALUES OF Vo 


r ‘HE velocity of sound in air at 0°C has been 
reported by very capable investigators at 
values ranging from 330.6 to 331.9 meters/sec. 


sound path, such as might be produced by an 
upward temperature gradient.’ 


DISPERSION IN AIR 


In 1937 the writer* published his findings on 


y and In many of these cases correction had been made_ dispersion in air. Further measurements have 
 :per- for humidity. This was usually calculated as a now been made. These indicate that the disper- 
_ The density correction. In some cases the specific sion accompanying anomalous absorption may 
akers heats were considered also. Miller includes a be responsible for part of the above range of 
ure is van der Waals correction. values. Curves were plotted showing the velocity 
> not T. J. Kukkamiaki! recently published his own 454 function of the vapor pressure. (See Fig. 1.) 
is ob- measurements and a brief review of many The slope of all the curves (or isotherms) is 
icide. previous results covering the above range. A about the same, indicating nearly 0.08 m/sec. 
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similar list appears in D. C. Miller’s? excellent 
book on sound waves. Miller? gives a complete 
account of his own measurements which are 
probably the best to date for low frequency 
sound in the open air. One series of Kukkamaki’s! 
measurements was made under conditions such 
that the necessary corrections for temperature, 
wind velocity and water vapor were very small. 
However, his result (330.77+0.06) m/sec. is 
definitely less than Miller's? (331.36+0.08) 
m/sec. The latter is in exact agreement with 
Shankland’s** theoretical value and slightly less 
than that given by the International Critical 
Tables (331.45 m/sec.). Kukkamaki apparently 
failed to consider the possibility of an indirect 





1T. J. Kukkamaki, Ann. d. Physik 31, 398 (1938). 
?D. C. Miller, Sound Waves, Their Shape and Speed 
(Macmillan Co., 1937). 

** Reference 2, pp. 149 and 155. 
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per mm of added vapor pressure. The relative 
humidities are recorded near some of the points. 
The vertical spacing of the curves is about 0.6 
m/sec. per degree C as expected. When the 1937 
report was made the data then at hand indicated 
rather sharp dispersion at two places along the 
curve for 30°C. After plotting more points the 
whole set showed considerable scattering of 
points where the dispersion at first appeared to 
be. After developing an improved method of 
determining the humidity and with more infor- 
mation on dispersion in CO: at hand other sets 
of measurements of the velocity of sound in air 
were made at various humidities (0-96 percent). 
The various frequencies tested yielded curves 
very near and approximately parallel to those 


3G. W. Pierce and A. Noyes, J. Acous. Soc. Am. 9, 193 
(1938). 
4W.H. Pielemeier, Phys. Rev. 52, 244 (1937). 
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Fic. 1. The uncertainties in observed wave-lengths and 
electrical frequencies are less than the heights of the 
crosses indicate. Apparently some of the quartz plates 
(30°C curve) have a mechanical mode of vibration differing 
slightly in frequency with the electrical mode thus yielding 
velocity values that change at the proper rate with 
increasing vapor pressure but differ by a constant amount 
from the curve. The width of the crosses represents roughly 
the estimated uncertainty in vapor pressure. Grabau’s 
actual observations were made with air containing 0.25 
percent COs. 


shown in Fig. 1. Apparently the mechanical 
frequency differed slightly from the electrically 
observed frequency. Dispersion should show as a 
slight excess above the corresponding values of V 
in Eq. (1) below. These values of V are plotted 
as dotted lines for 20, 27, 28 and 30°C. All the 
curves show the general increase in velocity as 
water vapor is added but they do not show much 
anomalous dispersion due to the COz and the O» 
in the air. However the observed curves start 
with p=0, nearly 0.4 m ‘sec. above the theoretical 
(dotted) curves, have a smaller slope and are 
only 0.2 m/sec. above them at =20 mm. Both 
anomalous dispersion and absorption are too 
small to locate the critical vapor pressure. 


THEORETICAL VALUE OF V 


The theoretical values of V were obtained by 
the following form of Miller's? equation: 


saad [, Pfr Me\)}} 
yavfaten /{1-2(2 2) 
Ya a 


in which 


V is the velocity at vapor pressure », and temperature 6 
Vo is the velocity at p=0, @=0°C (and frequency =0) 
a=1/273, @ is the temperature in °C 

p is the partial pressure of water vapor 

B is the barometric pressure 
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Yw is the ratio C,/C, for water vapor 

Ya is the ratio C,/C, for air 

M, is the molecular weight for water vapor 
M, is the molecular weight for air. 


Eq. (1) does not include anomalous dispersion. 
It gives the expected velocity at ‘‘zero frequency” 
(frequencies low enough for the internal energy 
adjustments to follow the acoustical cycle.) For 
such calculated values of V see dotted curves for 
27, 28 and 30°C, Fig. 1. 
The dispersion equation® has the form: 
ho,RC..Ciw" 
a ‘ 
ati Lab. gerry cde hn ae ee 
2(R+ Co) (S?Co?9?+ Cu." 
in which 
V’ is the velocity corrected for the dispersion due to 4 0, 
V is the identical V of Eq. (1) 
ho, is the oxygen concentration in the air (near 0.20) 
R is the molar gas constant 
C. is the effective specific heat (molar) for very high 
frequencies 
C; is that part of the specific heat due to internal energy 
(within the O»2 molecules) 
w=27v where »v is the acoustic frequency 
p is the density of the air 
S is a collision parameter depending upon the value of 
in Eq. (1). It is to be determined experimentally. 


For COs, another factor of the same form may 
be multiplied into this expression as an approxi- 
mation. The observed V’ values were not ex- 
pected to exceed the corresponding V values by 
more than 0.2 m/sec. for the higher frequencies. 


VELOCITY AND ABSORPTION IN CO, 


In order to present the case more clearly a 
brief account of the acoustic behavior of 
CO.+H.0 and O.+H.0 will be described. 

If the acoustic frequency is kept constant at 
say 615 kc/sec. and the partial vapor pressure in 
COs is increased while the total pressure and the 
temperature are kept constant, it is found that 
both the sound velocity and sound absorption 
undergo rather large changes. (See Fig. 2.) 

These changes indicate that the average life 
time of a quantum of vibrational energy within 
the COs molecules has been greatly decreased by 
the substitution of water molecules for a few of 
the COz molecules. Evidently collisions between 


5 Harold L. Saxton, J. Chem. Phys. 6, 30 (1938). 
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these unlike molecules are much more effective in 
producing such changes. The number of times 
per second that a quantum of vibrational energy 
is formed out of translational (or rotational) 
energy is nearly proportional to the acoustic 
frequency provided the vapor pressure is set for 
maximum absorption. (See Fig. 2.) 

Letting vm denote the frequency of maximum 
absorption, and 7 the average lifetime of the 
excited vibrational state in the undisturbed gas, 
the relation 

7=1/27m (2) 


holds approximately. This means that at the 
frequency of maximum absorption an atom 
holds its excitation on the average for an interval 
equal to 1/27 times the acoustic period. Under 
this condition the vibrational level has time 
during the acoustic cycle to receive most of its 
share of energy but with sufficient phase lag to 
produce maximum absorption. 

When the frequency is decreased, the time lag 
of the vibrational state becomes a smaller frac- 
tion of the now larger acoustic period resulting in 
less absorption even though the vibrational state 
receives more energy. When the frequency is 
increased, the amount of energy surging to and 
from the vibrational state decreases so rapidly 
that the absorption decreases despite the greater 
effectiveness of the time lag. 

This mechanism effects the velocity through 
the ratio of the specific heats of the gas, y= Cp/Cy 
=(1+R/MC,). With increasing frequency, the 
energy in the vibrational state undergoes less 
variation resulting in a lower value of the effective 
C,. This increases y and consequently V, as 
shown by the simple velocity formula 

V=(yP/p)?. (3) 

If some mechanism is introduced for decreasing 
the mean lifetime, 7 of an excited molecule, the 
acoustic period will have to be decreased in the 
same proportion to give the original effect. Thus 
a decrease in r+ shifts the position of maximum 
absorption as well as that of maximum dispersion 
to higher frequencies. s may be decreased by 
increasing the water vapor present in COs or Os 
or air, or by increasing the pressure or temper- 
ature of the gas. In the critical range of 7-values 
an increase in 7 causes the gas to offer more 
resistance to a sudden decrease in volume, i.e., 
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the elasticity of the gas is increased and it has 
less “‘give’’ when suddenly compressed ; a ‘‘super- 
adiabatic”’ elasticity becomes effective as it were. 
This results in an increase in velocity unless 
counteracted by other changes such as an increase 
in density. 

The relationship of v», the frequency for 
maximum absorption and h, the concentration of 
H.0 is shown in Fig. 3. The COz curve of greater 
slope (perpendicular mode) was approximately 
located by using 528 and 1080 kc/sec. The 
presence of the point at 528 kc/sec. on the other 
COs. curve (parallel mode) was suspected by the 
writer. A number of other points on both curves 
have now been located by D. Telfair who will 
report on his work later. The point R at 416 
kc/sec. was located by H. H. Rogers® without 
using temperature control. He found that dilu- 
tion of the CO, with air did not shift the absorp- 
tion peak greatly but lowered it markedly. 
Hence it was assumed that the v,,—h curves for 
air due to its COz content would be roughly the 
same as for CO.+H,0. 


EFFECT OF O, CONTENT 


Knudsen’ located points up to 34 kc/sec. on 
the Oz curve. (See Fig. 3.) P. M. Kendig located 
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Fic. 2. The size of the crosses roughly represents the 
uncertainties. The perpendicular mode of vibration in the 
CO: molecule is represented above the larger absorption 
peak which is due to this mode. The parallel mode is 
represented above its peak which is much smaller. The 
values of u fit Roger’s, Grossmann’s, Knudsen’s and Curtis’ 
observations and Saxton’s theory very well. The AV values 
are in good agreement with somewhat similar data pub- 
lished by Richards and Reid. The dotted line is plotted 
in accordance with their data and with theoretical calcu- 
lations for lower frequency. 


6H. H. Rogers, Phys. Rev. 45, 208 (1934). 
7V. O. Knudsen and L. Obert, J. Acous. Soc. Am. 7, 
249 (1936). 
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additional points at higher frequencies. He 
expects to publish his work soon. Knudsen states 
that the curve for air due to its Oz content plots 
approximately as the one designated AIR in 
Fig. 3. At 30°C AV for O2 should be approxi- 
mately 0.71 m/sec. and for air about 0.15 m/sec., 
where AV is the anomalous drop in velocity due 
to the establishment of energy equilibrium in the 
Oz molecules. 


CONCLUSIONS 


The value of Vo in Eq. (1), calculated from 
values of V measured at very low frequencies and 
at humidities well to the right of the AIR curve 
Fig. 3 should be approximately 331.4 m/sec. 
(group 1); when calculated from values of V 
measured at frequencies and humidities roughly 
midway between the AIR curve and the two 
COz curves it should be approximately 331.6 
m/sec. (group 2) and well to the left of the 
steeper CO, curve it should be slightly greater, 
depending on the COz content of the air (group 
3). Sea air (and most outside air) contains only 
0.03 percent COs. For such air this latter incre- 
ment in velocity should be very small (<0.005 
m/sec.). For laboratory methods the CO:z content 
might approach one percent. For such cases even 
if the COe content were known and density cor- 
rections were made, the large changes in velocity 
and absorption in nearly pure COz brought about 
by changes in frequency, pressure, temperature 
and small changes in HO concentration might 
be responsible for some of the apparently dis- 
cordant values at high frequency in air observed 
in the past. Extreme precaution should be taken 
in connection with H.O concentration as it is 
very difficult to remove all the water from some 
gas container walls. This in itself can yield a Vo 
that is too large even if there were no anomalous 
dispersion. Also since v,, rises about 800 kc/sec. 
for the perpendicular mode and 187 kc/sec. for 
the parallel mode for each percent H:O concen- 
tration in otherwise pure COs, 
humidity measurement is important. 


caution in 


Probably the largest error can be produced by 
quartz plates having a mechanical frequency 
that differs from the observed electrical fre- 
quency. Measurements made too near the sound 
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source are also subject to error as was pointed 
out by Reid,* Grabau® and Grossmann.! 
Miller’s,?, Hebb’s" and probably Grabau’g 
determinations fall in the first group (3314 
m/sec.). Some of C. D. Reid’s® and all of 
Norton’s” fall in the second (331.6 m/sec.) and 
those for v>400. kc/sec. in thoroughly dry air 
with excessive CO: content fall in the third group 
if only a density correction for the COs content 
is made in obtaining Vo. C. D. Reid® and 
Norton” used COs free air so a dispersion due to 
CO, should not be expected in their measure. 
ments. If each of the dotted curves in Fig, 1 
(expected velocity at low frequency) were about 
0.2 m/sec. higher than they are the velocity given 
for each of the above groups would be raised by 


16 q 
x 
105 vps 


44 

















5 %H,0 


Fic. 3. The uncertainty in frequency is too small to 
show on this diagram. The horizontal half-stroke represents 
the approximate uncertainty in 4. Knudsen and Fricke’s® 
peak frequency for dry CO: is plotted as point K. (77 
kc/sec.) 


8C. D. Reid, Phys. Rev. 35, 814 (1930). 

9M. Grabau, J. Acous. Soc. Am. 5, 1 (1933). 

1E, Grossmann, Physik. Zeits. 35, 83 (1934); also 
J. Acous. Soc. Am. 7, 106 (1934). . 

uT, C. Hebb, Phys. Rev. 20, 89 (1905); also 14, 74 
(1919). 

122G. A. Norton, J. Acous. Soc. Am, 7, 16 (1935). 

13 V, O. Knudsen and E. F. Fricke, J. Acous. Soc. Am. 
10, 89 (1938). 
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VELOCITY 


0.2 m/sec. and observed points that are plotted 
would agree very well with the corresponding 
higher values for V’ of Eq. (1a). The writer has 


no explanation for this discrepancy of 0.2 m/sec: 


unless it is due to nitrogen or excessive COe. The 
frequencies and H:O concentrations used by 
C. D. Reid’ are represented by the nine points 
on the horizontal dotted lines marked CDR in 
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Fig. 3. The shaded area, N represents the con- 
ditions for Norton’s® measurements and the 
area G those for Grabau’s® measurements. The 
anomalous (internal) absorption per wave-length, 
ui is masked at these frequencies by a greater 
classical value, 4;=A/X. The order of magnitude 
of uw; and its rise with humidity were checked 
experimentally by the writer. 
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Mechanical and Electrical Analogies of the Acoustical Path 


Haroip L. SAxTON 
Pennsylvania State College, State College, Pennsylvania 
(Received October 26, 1938) 


The infinite acoustical path is treated as a smooth mechanical transmission line, using 
Firestone’s method of drawing schematic diagrams. The method is adopted of translating 
thermodynamical, hydrodynamical and collision processes into purely mechanical terms by 
solving for the circuit elements from their definitions. When representative T sections have 
been obtained for paths having successive single causes of sound absorption, these are com- 
pounded into a T section for the case where all these causes of absorption are present. The 
electrical analogy follows at once from the mechanical. Input mobilities and complex velocities 


for the several cases are derived. 





INTRODUCTION 


HE usual method of treating the propaga- 

tion of a plane sound wave through a gas 

is by the method of hydrodynamics. Certain 

pertinent equations are introduced, the depend- 

ent variables eliminated by assuming them 

proportional to exp jw(t—x/v’), and an expres- 

sion obtained for the complex velocity of sound 

v’. During the mathematical steps one may lose 
sight of the physical interpretation involved. 

A useful and enlightening method of attacking 
the problem is by the method of mechanical 
analogy. While the work involved is no less than 
in the other method, the steps in building up an 
equivalent mechanical transmission line are 
readily followed and the contribution to the 
network of each mechanism, inherent in the gas 
is apparent. 


IDEAL CASE 


The simplest conceivable case is the ideal case 
of an acoustical path composed of a perfect gas 
for which the coefficients of viscosity and heat 
conduction are zero. If « represents the mass per 
unit length of the gas for any cross-sectional area, 
A, then the mass of a single layer is u dx, where 
dx may be the distance between layers one 
molecule thick, but can more conveniently be 
treated as an infinitesimal. Then if our T sections 
are of length dx we have an infinite smooth 
mechanical transmission line. Each layer of gas 
comprising the shunt arm of a TJ section is 
separated from the next layer by the elasticity 
of the gas. Thus adjacent layers are connected 
by spring equivalents so that a complete T 
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section consists of a shunt element yu dx, with 
half-series elements / dx/2 where | is the com. 
pliance per unit length of the springs.? 

The compliance per unit length is easily com. 
puted. Using the definition of compliance given 
in the footnote! 


—dét/dx 
or l= , 1) 


~(at/ax)dx 
Adp 


ldx =————_—__, 


Adp 





in which the minus sign is necessitated by the 
fact that a compression is considered as positive. 
Considering an infinitesimal layer of gas bounded 
by planes normally at x and x+dx but displaced 
to x+é& and x+dx+é+(d0£/dx)dx, respectively, 
the change in density may be obtained as 


dp= —p(dt/ax) (2) 
for small displacements. The gas law 
p=RTp/M (3) 


yields for the isothermal case, the result for 
which will prove convenient, 


dp=(RT/M)dp (4) 


and for this case, then, substituting (4) in (2), 
and using (1) 
l= M/uRT. (5) 


1 The mobility method expounded by F. A. Firestone in 
the J. App. Phys. 9, 373 (1938) is used here. Firestone 
defines compliance as the ratio of the displacement across 
an element to the force through it. Compliance is analogous 
to inductance in electrical circuits, displacement across 1s 
analogous to § potential difference across x dt, and force 
through (excess pressure X area) is analogous to current. 
Firestone’s convention, that a displacement across an 
element is positive if it is a compression of the element, 
is followed here. 
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ACOUSTICAL 


For the adiabatic case we have instead of (4) 
dp=(RT/M)(dp+(e/T)dT). (6) 
The equation of energy for this case yields 
dT =(RT/pC)dp, (7) 


in which C is the molar heat of the gas. Elimi- 
nating dT from (6) by the use of (7), substituting 
the resulting expression for dp in (2), and using 


(1 
) M 


| =—___-_ —., (8) 
uRT(1+R/C) 


A representative T section’ for the ideal case is 
shown in Fig. 1. It will be noted that the spring 
of compliance per unit length M/(uRT(1+R/C)) 
has been replaced by two equivalent springs in 
parallel. The reason for this substitution is that 
the spring having compliance per unit length 
M/uRT stores the energy which is associated 
with an increase in pressure while the spring of 
compliance per unit length WC/uR°T stores the 
energy which is associated with increase in 
temperature. These springs will henceforth be 
referred to as the pressure spring and the 
temperature spring. Note that for the isothermal 
case the temperature spring becomes inoperative 
since there is no increase in temperature and no 
energy stored by virtue of temperature change. 


INPUT MOBILITY AND COMPLEX VELOCITY 


While the formulae for input mobility and 
complex velocity may be taken over from the 
analogous smooth electrical transmission line, we 
may as well carry out these simple derivations 
directly for the mechanical case. 


M/2 RT 


M/Z2puRT 





Fic. 1. Representative T section for the ideal case with no 
absorption. ab, pressure spring ; cd, temperature spring. 


? By a representative T section is meant a T section in 
which the values are given for unit length, the actual 
I section being obtainable by multiplying the value of 
each element by dx. 
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Representing the input mobility by z. the 
series mobility of a section by z dx and the shunt 
impedance* of a section by ydx, the circuit 
becomes that of Fig. 2. All sections after the 
first are replaced by mobility equal to the input 
mobility. Now 


1 
2,=2 dx/2+-—______—_——__ 
y dx+1/(z dx/2+2,) 
or 2,2=27 dx*/4+2/y 
zdx/2 zdx/72 





Fic. 2. Actual mechanical transmission line with T sections 
after the first replaced by equivalent mobility z,. 


which, when dx approaches zero, approaches the 
value 
22=2/y. (9) 


The method of procedure and even the symbols 
are exactly the same as for the electrical case. 

Representing input force by F,; and output 
force from the T section by F» 


(1/y)dx+z dx/2+2, 
F,/F,= =1+2.y dx 
(1/y)dx 
jw dx/v' =log Fe/ Fi =log (1+2,y dx) =zxy dx 
v' = jw/scy =jw/ (yz). (10) 
Substituting into (9) and (10) the values of 
y=jwp and z=jwl in which / is given by (8), 
one obtains the familiar formulae 


M 
w2RT(1+R/C) 





2 





2K = 


(11) 


and 
v?=(RT/M)(1+R/C). (12) 


3 Mobility is the complex ratio of velocity across to 
force through. It plays the same role in mechanical 
problems as complex impedance in electrical problems, 
and the same symbol z is used for it. In general, z=r-+jx 
where 7, the responsiveness, and x, the excitability, are 
analogous, respectively, to electrical resistance and re- 
actance. The term impedance has been suggested by 
Firestone for the reciprocal of mobility. It is thus analogous 
to admittance in electrical circuits. If impedance y is a 
pure imaginary it is jw x mass. 








M/2 ART 


M/2 RT 





Fic. 3. Representative J section with viscosity present. 


EFFECT OF VISCOSITY 


Since viscosity retards the motion of one layer 
of gas relative to an adjacent layer, its presence 
in the gas may be indicated in the schematic 
diagram by a mechanical resistor between two 
adjacent masses, or in parallel with the springs. 
One may compute the responsiveness® of this 
resistor for the T section from the definition of 
responsiveness (velocity across/force through). 
The velocity across is —du/dx and the force 
through is —(4/3)nA(du/dx) giving r=3/4nA. 
The representative 7 section for this case is 
shown in Fig. 3. 

The input impedance of this line and the 
complex velocity along it are obtained from (9) 
and (10) as 





2,°=1/[4n/3p+RT(1+R/C)/joM], (12) 
—w? RT R Anw 

y!?= -—(1+=) +j—. (13) 
zy M C 3p 


These agree with the values obtained by the 
classical method. 


EFFECT OF HEAT CONDUCTION 


With no heat conduction we have the adiabatic 
process; with perfect heat conduction we have 
the isothermal process; with partial heat con- 
duction we have something between the two. 
This suggests that with heat conduction the 
temperature spring becomes less effective and 
there is a dissipation of energy. This result is 
obtainable by placing a mechanical resistor in 
series with the temperature spring so that the 
whole series element becomes that of Fig. 4. 

To evaluate the responsiveness of this resistor 
note that the rate of heat conduction out of an 
infinitesimal layer of gas of thickness dx is 
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—LA(0°T/dx*)dx where L is the coefficient of 
heat conduction. Using 6?7'/0x? = (jw/v')"dT, the 
instantaneous power dissipated in this layer jg 
wLA dT dx/v". 

At the same time the rate at which energy jg 
stored in the temperature spring is uc,(d7/dt)dy 
or (jwuC/M)dT dx so that the ratio of power 
dissipated to rate of storing energy is 


Pr/P,=—jwMLA /pCov". (14) 


For a resistor and a spring in series the ratio 
of the instantaneous powers is r/jwl where r js 
the responsiveness of the resistor and / is the 
compliance of the spring, in this case 





MC/uR°T. 
Thus 
Pr jpR?T 
—=- r. (15) 
P, wMC 


Equating the expressions (14) and (15) and solv- 
ing for r, 


r= M2L/R°T%2A. (16) 


The fact that v’ is complex and that conse- 
quently the element is not a pure resistor need 
cause us little concern in view of the fact that 
the real part of v’ is so much greater than the 
imaginary part that the latter may be neglected. 

The schematic diagram of the representative 
T section for this case is shown in Fig. 4. 

The input impedance and the complex velocity 
of sound for this case become 


a2 =[o®M?2L/pv"?+joCM]/ 
RTu(R+C—joML/ pv’), (17) 


v’?=(RT/M)[1+R/(C—jwML/pv")]. (18) 


INTRAMOLECULAR ABSORPTION 


This type of absorption has been treated by 
the author‘ and others. 

The energy per unit length stored in the gas 
by virtue of its rise in temperature is uC d7/M. 
In Fig. 1 the temperature spring stores this 
energy. Now C, the molar heat capacity (often 

* Harold L. Saxton, J. Chem. Phys. 1, 30 (1938). 

5K. F. Herzfeld and F. O. Rice, Phys. Rev. 31, 691 
(1928); A. J. Rutgers, Ann. d. Physik 16, 350 (1933); 
H. O. Kneser, Ann. d. Physik 11, 761 (1931); W. T, 
Richards, J. Chem. Phys. 1, 863 (1933); M. E. Rose. 
J. Chem. Phys. 2, 260 (1934); D. G. Bourgin, Phys. Rev. 
11 (1936). 
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symbolized Co), is made up of C,, the molar heat 
associated with the translational degrees of 
freedom and those internal degrees of freedom 
which maintain energy equilibrium with the 
translational heat energy, and C;, the molar 
heat associated with one internal state which lags 
behind the equilibrium condition when a sound 
wave is being propagated. (Additional internal 
states may also lag but the treatment of such 
cases is deferred.) Under these conditions® one 
should replace the spring storing the energy by 
two springs in series of compliances per unit 
length MC../uR°T and MC;/uR*T, and, since 
energy is dissipated when the last spring is in 
motion, one should place a mechanical resistor in 
parallel with it of responsiveness 7. The series 
element per unit length is then that of Fig. 5. 

The value of r is now derived by a consider- 
ation of the power input per unit length to a 
series section. This must be of the form 











Power mobility 
= (Force through)? x————— 
Length length 
Power mobility 
or = (Adp)*X- —. (19) 
Length length 


When an expression for power/length is obtained 
in this form, the expression for responsiveness 
per unit length of the resistor should appear in 
the expression for mobility per unit length. 

The power input per unit length is given by 





du Adp 
A dp—= jw dp. (20) 
Ox p 


It is next desired to express dp in (20) in terms 
of dp in order to obtain an expression of the 
form of (19). This is accomplished by the use of 
Eq. (6) together with the equation of energy for 
this case and an appropriate expression for dN;. 
The equation of energy may be written 

Op oT ON; ep;:R Op 

RT—= pC.—+ Me -- —-- 

Ot Ot ot pk at 














1 
a il ae 
Power in series element jwoM jwMC, 1 
-=(A dp)*|1 + 
length uRT uR°T 1 ‘ 1 
JoMC;/uR°T MC;S/AR?*T 
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Fic. 4. Representative T section with heat 
conduction present. 


in which ¢ is the energy of a single molecule in 
the lagging excited state above the energy of a 
single molecule in the ground state, k is Boltz- 
mann’s constant, and the last two terms of 
the equation are merely an expansion of 
Me0(N;V)/dt, where constant mass and not 
constant volume must be considered to give 
agreement with the other terms in the equation. 
This equation may be written in algebraic form 


(RT + €p:R/pk)dp=pC.dT+MedN;. (22) 


The expression for dN; may be taken from 
Eq. (2.04) of reference 4 using also Eq. (2.07) 
together with the relations Sjo=S and So 
=(p:/po)S, the latter derivable from Eqs. (1.10) 
and (1.04) of that reference. The expression 
becomes 


(p:S+jwp:/p)Rdp/Mk+p?C;S dT/Me 
pS+jw 


N; 





in which S is a collision-transition parameter to 
be evaluated by experiment. 
Substituting (23) in (22) gives 


RT dp=pC.[1+C:S/Cw(S+jw/p)]dT. 


(24) in (6) gives for the evaluation of dp in 
terms of dp 
dp=(M/RT)_CS+jCow/p]dp/ 
[(R+C)S+j(R+Ca)w/p] (25) 


and finally (25) substituted in (20) yields, with 
a bit of algebraic manipulation. 


(24) 
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Fic. 5. Representative T section with intramolecular 
absorption present. 


From the expression for impedance of a series 
element, appearing in brackets in (26) we find 
for the responsiveness of the mechanical resistor, 


r=MC;S/AR°T. (27) 


The representative T section for this case is 
given in Fig. 5. 
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The computations for 2,2 and v” yield 


R= S+jw/p 
ee —}, (2 
Co oo (28) 





2.2°= u/wRT( 1+ 


RTs R SAju/p 
2 faded (1+ ' ), 
M Cao CS/Co+jw/ p 





(29) 
the latter agreeing with reference 4. 


SIMULTANEOUS CAUSES OF ABSORPTION 


When heat conduction and viscosity are 
present along with intramolecular absorption, 
Figs. 3, 4 and 5 are compounded into Fig. 6, 
When this network is solved for z and then for 
z2 and v” one obtains 








4nwM R S+jw/p 
2,°=M WRI 143 + —__—_—— — -| (30) 
3pRT Cx SC/Ca+w?ML/p?0"C..+jw(1—MLS/v’?C..)/p 
RT 4nwM R S+jw/p 
f= 143 icine ebecienmvaninnnenesaananat | (31) 
M 3pRT Cx SC/Caot+w?ML/ p?v"C..+jo(1— MLS/v’?C..)/p 


the latter in perfect agreement with the complete 
Eq. (2.06) of reference 4 when (2.07) is taken 
into account. 


FURTHER EXTENSIONS OF DIAGRAMS 


In a mixture of gases one of which has a lagging 
state, M, yw, 7, L and C,, must be the effective 
values for the mixture. Fig. 6 is unchanged. If 
each of several gases in the mixture has a lagging 
state, other sections of the same type must be 
added between 0 and a. 

For a single gas with two modes which lag, as 
CO, for example, an approximate representation, 
at least, is obtained by inserting an extra section 
of the same type between 0 and a. If different 
energy levels of the same mode are taken into 
account, the section ab undergoes a change in 
accordance with the Landau-Teller theory.® 

Finally we may mention one effect of the 
medium consisting of molecules rather than a 
continuum. Considering the mechanism of sound 
propagation as correctly described in Fig. 6, one 


6 Landau and Teller, Physik. Zeits. Sowjetunion (1936). 








may consider that each element of series mobility 
or shunt obstructivity per unit length may be 
multiplied by Ax to give the corresponding series 
mobility or shunt obstructivity per section. Then 
instead of permitting Ax to become vanishingly 
small, one may give it a definite size, determined 
by molecular spacing. With this procedure the 
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Fic. 6. Representative T section with the three principle 
causes of absorption present: viscosity, heat conduction, 
and internal energy lag. This is obtained by compounding 
Figs. 3, 4 and 5. 
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input mobility and velocity formulae become 
modified to those for an iterative JT network but 
the additional terms are negligible except at 
ultra-high frequencies or low densities. ' 


ELECTRICAL ANALOGIES 


The representative 7 sections for the analogous 
smooth electrical transmission lines are obtained 
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by merely replacing the mass per unit length in 
the schematic diagrams by a capacitance per 
unit length of the same value. The springs are 
interpreted as inductances of values equal to 
their respective compliances, and the mechanical 
resistors are interpreted as electrical resistances 
of values equal to their respective responsive- 
nesses. 
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Reversed Speech* 


E. W. KELLOGG 
RCA Manufacturing Company, Camden, New Jersey 
(Received November 17, 1938) 


Recording sound and then reproducing it with the rotation of the record reversed is not only 
a means of amusement, but serves to throw some light on our habits of speech, particularly if 
one tries reversing the order of the original pronunciation, so that the reproduced sound may 
be actual words. Some of the writer’s observations are given in the paper. 





N first thought it would appear that talking 

backward should be considered only as a 
sport or diversion, and it certainly has this 
feature. Those who have had at their disposal 
some ready means of recording speech and then 
playing the record either forward or backward 
have derived much amusement from the strange 
metamorphosis of the sounds. Experimenting 
with magnetic recording on tape or wire has 
inspired various people to try such reversals. 
Such recreation, however, is not without some 
scientific interest. Perhaps it does not bring out 
characteristics of our speech which might not be 
inferred from previously known facts and experi- 
mental data, but it brings home in a striking 
manner various characteristics of which for the 
most part we are unconscious, and it confirms a 
number of principles which might be predicted 
from purely theoretical considerations. 

In order to draw conclusions, it is important 
that the recording and reproducing system have 
a minimum of distortion, otherwise many sounds 
are lost. The high fidelity recording and repro- 
ducing equipment for direct playback disks, 
which has recently been developed in the RCA 
laboratories makes available a medium for 
experiments of this kind which far surpasses 
what was to be had a few years ago. 

The first impression one has on listening to 
reversed speech is that the talker is speaking a 
foreign language and talking very rapidly. The 
strange inflections suggest that it must be 
Chinese or at least some language with which 
we are very unfamiliar. Few of the individual 
word sounds are recognizable. Even though the 
record may be arranged to repeat a word or two 
over and over again, and we know what the 


*As presented at the Acoustical Society meeting, 
November 18-19, 1938. 


word is, it is difficult to identify any sounds 
except a few of the prolonged vowels. This 
continues to be true even after considerable 
experience. The difficulty is twofold. In the first 
place when we talk, few of us make the sounds 
we think we do. Many of the sounds which 
ought to be present are slighted, or inexact 
substitutions are used. This is particularly true 
of short vowels. Just as a mother can recognize 
her baby in spite of a very dirty face, so we 
recognize familiar words provided a reasonable 
fraction of their characteristics are preserved. 
In the next place, we understand speech by 
recognizing whole words and not by a laborious 
synthesis of the word from a succession of 
sounds. A speed of speech which is entirely 
satisfactory when we can recognize the words, 
becomes many times too rapid when we are 
trying to identify the individual sounds in a 
meaningless sequence. We thus find that we get 
farther in learning about the reversibility of 
speech if we attempt to say the words backward 
and then listen to the result. There is then no 
danger of excessive speed, and if we are fortunate 
enough to succeed in making a series of sounds 
which when reversed, bear a remote resemblance 
to the word intended, we find it much easier to 
determine whether the vowel and consonant 
sounds are present or are correct. If before 
making the speech, we analyze the sounds 
required with sufficient care, we will not care- 
lessly make substitutions. 

As an illustration of how we may give incorrect 
value to some sounds without appreciable effect 
on intelligibility, we may make use of the tradi- 
tional difficulty in the spelling of Schenectady. 
Most of you know of the story of the man who 
planned to meet a business associate in Sche- 
nectady and after many attempts to think what 
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was the correct spelling, told his secretary to 
wire his friend that he would meet him in Albany. 
Out of curiosity I once attempted to figure out 
how many ways Schenectady might be spelled 
without noticeably altering the pronunciation. 
My answer was 1125. This large number is 
reached partly by the various substitutions that 
can be made among the consonants such as 
“ch,” “k’’ and ‘‘ck,” all of which call for the 
same sound. There are also numerous accépted 
spellings for the identical sound, as in the case 
of the last syllable, but for the vowels in the 
syllables “Schen”’ and ‘‘tad’”’ any of the five 
vowels (with their short sounds) might be 
substituted and the difference scarcely noticed, 
although each calls for a different sound. 

Once we have acquired the technique of 
recording in such a way that we can actually 
recognize the reversed sounds, we are in a 
position to observe a number of factors. The 
first question which one might ask is whether a 
given sustained sound is to be expected to sound 
the same when reversed. Obviously the wave 
shape is not the same. For example, a saw 
tooth wave with slow rise and quick fall of 
pressure would, upon reversal, become a wave 
with quick rise and slow fall. The new wave 
would have the same component frequencies but 
in different phase relation. There has been 
enough work done on the effect of phase changes 
to warrant the prediction that this would not 
alter the character of the vowel sounds. The 
experience with reversed reproduction entirely 
confirms this. All sustained sounds seem to be 
produced without alteration. 

We are on less certain ground in predicting 
what would happen to the explosive consonants 
such as p, b, t, d, k and g, but here again the 
evidence is that an initial and final consonant 
are the same, although with some qualifications. 
We can at least state that a given consonant 
does not become another when transferred from 
the beginning to the end of a syllable. It may, 
however, have a different value, or the same 
series of sound waves may produce much more 
impression in one position than another. There 
are obviously some conditions in the production 
of the sound, which cannot be very successfully 
reversed. For example, before the letter ‘‘t,’’ a 
considerable pressure is built up behind the 





tongue and this is suddenly released. A similar 
rush of air just before closing off the passage in 
making a final ‘‘t’’ is probably nowhere near so 
violent. Putting the matter differently, we may 
start and end with the tongue in the same 
position, but at that time we are not making 
any noise. There is no assurance that in the 
intermediate positions (when we are making a 
noise) the conditions are duplicated. When we 
come to several adjacent consonants, the reversal 
of the sequence often seems very awkward and 
we have no assurance that we are doing it 
correctly. For example, try pronouncing ‘‘world”’ 
backward, ‘‘dirw.’’ In this case, I have omitted 
the ‘‘o”’ in the reversed word. ‘“‘r” has the 
quality of a vowel as well as a consonant, and 
in pronouncing “world,” the “w” and “r’”’ 
sounds are separated by little if any vowel. 
‘“‘w’’ is a vowel sound which we often treat as a 
consonant, but it does not differ appreciably 
from ‘‘oo.”’ In spite of the difficulties of forming 
sounds in reverse order, the results of the efforts 
to do so seem to be successful and I do not 
believe that there are any exceptions to the 
general proposition that any of our words may 
be pronounced backward, and on reversal will 
produce the desired word correctly, if not 
altogether naturally. 

One of the first things which is forced on 
one’s attention is that a number of our vowels 
which we represent by a single letter and usually 
think of as a single sound are very distinctly a 
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sequence of two sounds. For example, ‘‘i’’ must 
be reversed to “‘@-a,” ‘‘j’’ as usually pronounced 
consists in ‘‘d’’ followed by a soft ‘‘j,” and ‘“‘ch”’ 
must be reversed to “‘sh-t.’”’ Overlooking any 
of these details produces an unexpectedly 
striking fault in the reversed sound. 

In general final consonants are much less 
conspicuous than initial consonants. The final 
consonants p, t, k are often lost, and their 
absence does not seriously impair our under- 
standing of the spoken words. Sometimes when 
a person wishes to enunciate with special clarity, 
he may release his tongue after a final “‘t,” 
thereby speaking a short extra syllable in which 
the ‘‘t’’ appears as an initial consonant. The 
same is often done for “‘k’’ and “‘p.’’ We are so 
used to this that it does not sound particularly 
strange and we are merely conscious of the fact 
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that the person is putting effort into his pro- 
nunciation. We never do the corresponding thing 
at the beginning of a word. I see no reason why 
the consonants |, m, n, r should be less con- 
spicuous at the end then at the beginning, but 
for some reason or other we have the habit of 
greatly prolonging them when they are used as 
final consonants. The last syllable of a word is 
also usually prolonged more than we are aware. 
In order to make a word sound anything like 
natural when spoken backward and reversed, it 
is necessary to drag out the initial sound and 
drawl the starting syllable to an unbelievable 
degree and correspondingly to shorten the final 
sounds. Otherwise the word, on reversed repro- 
duction, shows the very characteristic which 
we should have put into it when speaking it 
backward. 

The letter ‘‘h’’ is very elusive, and experience 
with attempting to talk backward makes one 
feel less justified in critizing the ‘‘cockney.’’ We 
finish a word with a vowel, with no consciousness 
of having followed it by aspiration, and it comes 
back with a distinct “h’’ preceding it. This is 
merely another sample of the proposition already 
stated, that final sounds are very inconspicuous 
and this is more true of the “h’” than of any 
other. In our written language we follow some 
vowels by “‘h’”’ to indicate a certain vowel sound, 
such as “ah”’ or “oh,” the actual ‘‘h’’ sound 
being either entirely absent or of no importance. 

Inflection and accent have much to do with 
making our language what it is and making it 
understood. Accent is not difficult to figure out 
and in all probability inflection could be con- 
quered with sufficient effort and practice, es- 
pecially if one makes use of the expedient of 
first recording words as spoken normally and 
listening to and imitating the reversed speech 
as reproduced mechanically. Without such prac- 
tice, however, about the best which can be done 
is to record in a sing-song manner which will 
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play back as a monotonous mouthing of words 
with occasional very unnatural inflections. Sing. 
ing is somewhat more successful. Once the new 
tune has been mastered, the melody takes the 
place of inflection. 

Although singing is by no means synonymous 
with music, one topic suggests the other. It is of 
interest to play various types of music backward. 
One’s ability to recognize the instrument pro- 
ducing the tones is cut to about 20 percent of 
normal. Reversed piano music has a curious 
ending for all notes, but to most ears it js 
essentially organ music, or perhaps accordion 
music. This and the sounds of other kinds of 
instrumental music when reversed, shows that 
the attack and starting transients are probably 
an even more important factor in our recogniza- 
tion of the instruments than the quality of the 
sustained tones themselves. 

It is often possible to recognize tunes when 
hearing them backward for the first time. The 
preservation of the general tempo is, of course, 
some help, but the factor that usually makes it 
possible to recognize a tune is that there are 
many phrases which are essentially symmetrical, 
and this is common enough in many melodies to 
give a clue. 

As an illustration of talking backwards, I am 
giving a few lines spelled phonetically to the 
best of my ability. If you wish to learn what the 
corresponding English is, start from the bottom 
right-hand end and pronounce the sounds as 
you come to them from right to left. 

() 
“Tiénoot rawf tsujd négyé dliédsht yé eem kiém 


dna.”’ 
(2) (3) 


“Tidlf yoth ni midt oh drawkdb nrvit drawkab.” 


(1) Soft ‘‘j,’”’ like French 

(2) Voiced ‘‘th’’ 

(3) Pronounced as word ‘‘draw”’ but with the 
sized. 
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The Sounds of Bells 
Jottings from my Experiences with the Sound of Bellis 


The Secondary Strike Note 


JAN ARTs 
“Huize Ruwenberg’’ St. Michielsgestel, The Netherlands 


(Received October 17, 1938) 


INTRODUCTION 


EARS ago I took cognizance of an essay by 

P. J. Blessing! in which he expressed his 
opinion about the function of the bell-body in 
the formation of the first eight partial tones. 
What Blessing put forward was a revelation to 
the present writer (then a rather inexperienced 
novice in the field of bell-sounds). Mr. Blessing 
says: “In our bells occurs in one certain place a 
horizontal nodal line, round about the bell—a 
nodal circle, about one handbreadth above the 
soundbow.”’ Blessing wrote of only one nodal 
circle, and this one only for partials that have 
even numbers. 

Some ten years later I came into possession of 
a series of Edelmann’s adjustable tuning forks, 
and it occurred to me that if a fork should be 
tuned to some partial of a bell and then placed 
on the nodal circle, the partial would not answer 
there. In this way I tested Mr. Blessing’s 
statements on the largest of the bells in the 
municipal tower of St. Michielsgestel. The base- 
diameter of this bell measures 110 cm. 

For the first partial I found that the bell 
reacted clearly to the fork at all levels. The 
second partial was quite mute about one hand- 
breadth above the soundbow. One centimeter 
above this dead point the second partial was 
brought out again, though extremely weakly; 
and at two and three centimeters the sound 
revived more and more to regain its full strength 
higher up. Up to the shoulder I could not find 
another dead point. 

For the third partial Mr. Blessing says there 
is no nodal circle. From the lip upward I found 
the third partial answering spontaneously as far 
as about two handbreadths above the soundbow ; 
from there upward it became weaker and weaker, 


1P. J. Blessing, Harmonie der Glocke (Gregorius-Blatt, 
1906), pp. 4, 16, 27, 40, 52, 65, 77, 90, 109. 
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to fall quite silent about halfway. Higher up 
it came forth again clearer and clearer to regain 
gradually the lip intensity. So this did not tally 
with Mr. Blessing’s experiment. In the same 
way I proceeded with other partials. 

To locate the levels of the nodal circles I make 
use of a unit proposed by Miiller.2 He divides 
the diameter of a bell into fifteen equal parts, 
and he calls one of these parts a schlag. For 
bells which are in tune with themselves (or quite 
nearly so), and whose shoulder is at about 11.2 
schlags, I find nodal circles on the outer side of 
the bell at about the levels given in Table I. 
From time to time bells are found in which 
certain nodal circles cannot be determined with 
certainty, so that I wonder if in many cases a 
nodal circle may be spoken of. 

The levels given in Table I agree fairly well 
with those obtained on other bells by Rayleigh® 
and by Jones and Alderman.‘ The levels given 
in Table I are shown in Fig. 1. 

It has been pointed out® that when a bell is 
struck at about the level of a nodal circle the 
corresponding partial is not heard or only 
faintly. So during the ringing or striking the 


TABLE I. Levels of certain nodal circles. 








NUMBER OF PITCH IF THE LEVELS OF NODAL 





PARTIAL STRIKE NOTE Is ¢’ CircLes (schlags) 
2 e 3.6 
3 eb’ 6.2 
4 g’ 1.9 
5 ce: 5.5 
6a e” 2.2 
6b f” 2.2, 6.0 
7 g” 6.3 
10 Ps 6.4 
6a-octave 5a 2.0 
6b-octave B gag 5.6 








2 Ludwig Miiller, Die Bronzewaaren- Fabrikation (A. Hart- 
leben’s Verlag, 1877). 

3’ Lord Rayleigh, Phil. Mag. 29, 1 (1890). 

4A. T. Jones and G. W. Alderman, J. Acous. Soc. Am. 
4, 331 (1933). 

5A. T. Jones, Phys. Rev. 31, 1098 (1928). 
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Fic. 1. Part of section of a bell. AB is a lath on which 
the diameter of the mouth of the bell is divided into 
fifteen equal parts. Along the lath moves the adjustable 
square CD. 


partials 4, 6a, 6b, and 6a-octave will not be 
heard or very weakly. 


THE SECONDARY STRIKE NOTE 


Heavy- and middleweight bells (of about 800 
kg and upwards) almost always send forth 
besides their strike note a tone which by its 
intensely clear, metallic character and timbre, 
its short duration (I did not come across any 
that took longer than eight seconds for dying 
out), in one word in its whole appearance, has 
all the characteristics of a strike note. In the 
case of some bells this tone occurs so predomi- 
nantly that it equals or even supersedes the 


primary strike note. Because of its corresponding 
to the primary strike note I should be inclineq 
to call it a secondary strike note. When attentively 
listened to and controlled, e.g., by means of a 
piano, it will prove to correspond with the tone 
which is a fourth above the fifth partial ; thus be- 
ing an eleventh above the primary strike note. 

As the secondary strike note is apt to come 
out so strongly as to equal the primary strike 
note (though there are heavy bells in which it js 
not or hardly heard), it is obvious that this tone 
cannot be originated by the partial 6b, as the 
nodal circle of the partial 60 lies in the proximity 
of the spot where the clapper touches the bell. 
I presume that in the same way as the primary 
strike note owes its origin to the partial that is 
a pure octave higher,® the secondary strike note 
is due to the partial that is a pure octave higher; 
namely, the 6b-octave partial. 

I have come to this conclusion after repeated 
and varied experiments. One of these was as 
follows. From the street I listened to three bells 
and defined their pitch by means of adjustable 
tuning forks; then I climbed up to the bells to 
investigate their 6) partial and 6b-octave partial. 
In all three cases the secondary strike note pitch 
noted in the street, exactly agreed with the 
6b-octave partial, whereas the pitch of the 6) 
partial considerably deviated. These three bells 
are in the steeple of St. John’s Cathedral at 
Hertogenbosch. Table II gives the tone relations.’ 

I sometimes came across bells where the 
secondary strike note was not a fourth but a 
major third above the fifth partial. Such bells, 
however, are rare, as far as I know. In such 


TABLE II. Secondary strike notes. 








FOUNDER JACOB F. AND P. A. VAN 
AND NOTEMAN HEMONY AERSCHODT 
YEAR 1641 1644 1872 
WEIGHT (kg) 5500 2350 1980 
6b-octave 15/16 c’” tf’ 4/16 e’”’ 3/16 
6a-octave 28/16 b” e’”’ 6/16 23/16 f#... 
6b 11/16 c’”’ tf’ 0/0 yt 
6a none e’’ 0/0 13/16 f#” 
Sec. strike note 15/16 c”’ ft” 4/16 ge” 3/16 
5 6/16 g’ 2/16 c”’ 5/16 da” 














6 Jan Arts, J. Acous. Soc. Am. 9, 344 (1938). 

7 The fraction beside the name of the note is part of a 
half-step of an equally tempered tuning fork. The fraction 
on the left of the note-name points to a minus, the fraction 
on the right to a plus. 
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cases might the origin of the secondary strike 
note lie in the predominating character of the 
6a partial or the 6a-octave partial? I think not, 
as both of these partials have their nodal circles 
on the soundbow. According to my experiments 
it must also be due to the presence of the 66- 
octave partial ; the fourth of this being too small 
in this case. If Jacob Noteman’s bell is listened 
to when ringing or striking, the secondary strike 


note is not heard as a pure fourth above the fifth 
partial but as a slightly sharp major third which 
is quite in accord with the 6d-octave partial. 


CONCLUSION 


Whether the secondary strike note is heard as 
a tenth or eleventh (measured from the primary 
strike note) in both cases the 6b-octave partial 
is responsible for it. 
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Preliminary Program 
Tenth Anniversary of the Acoustical Society of America 


HoTEL PENNSYLVANIA, NEW YorK CITY 


May 15 and 16, 1939 


Monpbay, May 15, At 10:00 a.m. 


South East Ballroom 


A Symposium on 
The Measurement and Application of Absorption Coefficients 


Statement of the Problem. F. V. Hunt, Harvard University 

Measurements in the Reverberation Chamber, P. E. SaABINE, Riverbank Laboratories 

Measurements in the Field. G. T. STANTON, Electrical Research Products Inc. 

Open discussion led by V. L. CHRIsLER, National Bureau of Standards, and JOHN PARKINSON, 
Johns-Manville Sales Corporation 


Luncheon with the First Officers as guests: 12:15 P.M. 


Banquet Room 


Toastmaster—F. A. SAUNDERS 
“Events Leading to the Formation of the Society.”” W. WATERFALL 

“The Society, Its Aims and Trends.” H. FLETCHER 

“Reminiscences in Acoustics.”” SrR WILLIAM BRAGG 


Anniversary Program 
2:30 P.M. 
South East Ballroom 


Architectural Acoustics, its Past and its Possibilities. 
P. E. SABINE, Riverbank Laboratories. 
A Modern Concept of Acoustical Design. 
C. C. Potwin AnD J. P. MAXFIELD, Electrical Research Products Inc. 
The Role of the Journal of the Acoustical Society. 
F. R. Watson, University of Illinois. 
A Demonstration of Combination Tones. 
Str WILLIAM BraGG, The Royal Institution, London. 
An Ear to the Future. 
V.O. KnupsEN, University of California at Los Angeles. 


Dinner 7:00 P.M. 
Banquet Room 
Monpbay EVENING, MAy 15, 8:30 P.M. | 


South East Ballroom 


Auditory Patterns—A Demonstration Lecture 


HARVEY FLETCHER, Bell Telephone Laboratories, Inc. 
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TuEspDAY, May 16, 9:30 A.M. 


South East Ballroom 


In addition to those listed below, a number of papers of unusual interest are in prospect, and 


will appear in the final program. 


Remaking Speech. Demonstrated by its Instantaneous Analysis and Synthesis. 
HomMER W. DubLey, Bell Telephone Laboratories, Inc. 


Terminology for Logarithmic Frequency Units. 


R. W. YouneG, C. G. Conn Ltd. 
Development of Modern Microphones. 


R. C. Comte, Massachusetts Institute of Technology. 
Possible Variation of Sound Absorption Coefficients with Intensity. 


F. J. WiLLic, University of Illinois. 
Attenuation of Sound in Ducts. 
ROBERT ROGERS, University of Illinois. 


A Sound Source for Investigating Microphone Distortion. 


W. D. PHetpes, RCA Manufacturing Co. 


Influence of the Soundboard on Piano Tone Quality. 
PAUL BILHUBER, Steinway & Sons, AND C. A. JOHNSON, E. E. Free Labratories. 
Conclusions from Further Measurements on Old and New Violins. 


F. A. SAUNDERS, Harvard University. 


The principal objective of the symposium, under the 
direction of Dr. F. V. Hunt, is to consider practical methods 
of specifying the sound absorbing properties of acoustical 
materials. Those concerned with both the practical and 
theoretical aspects of this problem are cordially invited to 
take part in the discussion. Full abstracts of the three sym- 
posium papers may be obtained, on request, from Dr. F. V. 
Hunt, Harvard University, Cambridge, Massachusetts. 


Dr. Harvey Fletcher, the lecturer on Monday evening, 
needs no introduction to Acoustical Society audiences. 
The discovery that human nerve fibers behave like busy 
telephone wires has afforded a means of describing the 
hearing processes within the ear. By making busy tests, 
the nerve messages or auditory patterns evoked by sounds 
may be charted. Dr. Fletcher vividly portrays this compli- 
cated process by simultaneously creating sounds and por- 
traying the corresponding patterns by means of animated 
charts. Deafness is artificially created and the audience 
sees and hears sound in the roles of both the normal 
hearing and the deafened. 


On Tuesday's program, Mr. Homer Dudley will de- 
scribe and demonstrate apparatus which literally separates 
speech into its fundamental parts, each part being indi- 
vidually unintelligible, and then, from a knowledge of the 


parts, automatically recreates either the original or some 
modified form of the original speech. This work led to the 
design of the Voder, an instrument for creating speech, 
which forms one of the Bell System exhibits at the San 
Francisco and New York Fairs. 


Professor F. A. Saunders will describe the results of 
recent measurements on old and new violins and their 
relation to judgments of tonal quality. This work has 
thrown new light on the old problem of the differences 
between the sounds from old and new violins. 


It is the good fortune of the Society to have as its 
guest Sir William Bragg, Director of the Davy Faraday 
Research Laboratory, The Royal Institution, London. The 
occasion of his visit to this country is to give the first 
Pilgrim Trust lecture at the April meeting of the National 
Academy of Sciences. 


The wives of members and guests are cordially invited 
to attend, and take part in the Tenth Anniversary program. 
A committee, composed of Mrs. Harvey Fletcher, Miss 
Madeline M. Mitchell, Mrs. V. A. Schlenker, Mrs. G. T, 
Stanton, and Mrs. E. C. Wente (Chairman), are in charge 
of arrangements for their entertainment. 
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Acoustical Society News 


HE chief event of importance for the Acoustical 
Society is the Tenth Anniversary Meeting in New 
York on May 15-16. The preliminary program appears in 
this issue describing the arrangements being made for the 
meeting, and members are urged to attend. 
A new membership list is being prepared, and will be 
published soon. Anyone planning to join the Society will 


find it advantageous to become a member now so that his 
name will appear in the new membership list. The Secre. 
tary, Wallace Waterfall, The Celotex Company, 919 North 
Michigan Avenue, Chicago, will welcome inquiries about 
joining the Society; he will also appreciate notices about 
any changes in addresses of present members. 


Book Review 


Standards published by the Institute of Radio Engineers, 
1938. 

Throughout its life, the Institute has co-operated with 
many other bodies in the establishment of standards. 
In 1912, the first standards committee was appointed and 
prepared a report dealing with the definitions of terms, 
letter and graphical symbols, and methods of testing and 
rating equipment. This report was published in 1913. 
Subsequent and expanded reports appeared in 1915, 1922, 
1926, 1928, 1931, and 1933, each of which combined in 
a single document data on all branches of the art. 

The Institute has diverged from its past practice of 
publishing the standards in one volume, and has put out 
five separate attractive booklets of standards on the sub- 





jects: Electronics, Electroacoustics, Electrovisual Devices, 
Radio Receivers, and Transmitters and Antennas. The 
booklets give definitions of terms, symbols used and 
methods of testing apparatus and instruments. The book- 
lets cost fifty cents each, and can be obtained by address- 
ing the Institute of Radio Engineers, 330 West 42nd 
Street, New York City. 


Books Received 


Fundamental Electronics. A. L. ALBERT. 
Macmillan Company, New York, 1938. Price $4.50. 


Pronunciation of Vowel Sounds. Errie G. Kunn. Pp. 86. 


Columbia University, New York, 1938. Price $1.60. 


Pp. 422. 
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Current Publications on Acoustics 


F. A. FIRESTONE 
147 East Physics Building, University of Michigan, Ann Arbor, Michigan 


Reviews of Contemporary Papers 


EMBERS who have occasion to translate important papers from foreign journals will be 
doing a real service to those members who do not read the foreign languages easily, if they 
will prepare a review of such articles for publication in this section. 

These reviews should be of the nature of a lengthy abstract (500 to 1500 words) rather than a 
critique or appraisal, and should attempt to set forth in this limited space as much of the original 
author's contribution as possible. One or two figures may be included if desired, 

To avoid duplication of effort it is desirable to arrange with the office of this department before 


writing a review. 


Sound Propagation in Tubes. W. BurkK AND H. LIcurTE, 
Akust. Zeits. 3, 259 (1938).—This paper deals primarily 
with one method of inserting a time delay network in an 
audiofrequency electrical system. Since acoustical trans- 
mission down a tube immediately suggests itself for this 
purpose, it should be determined as to whether it is a 
useful and satisfactory method in all respects. The pre- 
requisite demand for distortionless sound propagation in a 
tube is that the driving sound should enter and travel 
along the tube as a plane wave. This demand is, as Ray- 
leigh has shown,':? always fulfilled even for a point 
source if the frequency of the source is less than that of 
the first transverse mode of vibration. For the special case 
of a cylindrical tube this demand is fulfilled if the wave- 
length is greater than 3.413 times the radius. Thus the 
diameter required for an undistorted transmission band of 
10,000 c.p.s. is about 1 cm, but, unfortunately, the attenua- 
tion in such a tube is excessive. It is shown in this paper 
that under certain driving conditions a tube of double 
diameter may be used. 

An iron tube of 14.3-cm diameter and 7.05-m length 
was employed. Along it at constant intervals of 95 cm, 
circular holes of 3-cm diameter were cut and covered with 
flanged lids, and these served as entrance places for the 
measuring equipment. The end of the tube was terminated 
with a felt roll about three meters long, whose internal 
diameter decreased from that of the inner tube diameter 
to zero, while the outer diameter was about double that 
of the outside of the tube. This proved almost completely 
absorbing even for low frequencies. The dynamic loud- 
speaker source was connected to an end plate through a 
20-cm rubber tube, 15 mm in diameter. The small sound 
emitting hole in this end plate could either be centered on 
the axis of the tube or at any eccentric position. Two very 
small condenser microphones were used as probes and were 
connected to appropriate automatic pressure recording 
apparatus. 

The first transverse mode of vibration for this tube 
should have a normal frequency of about 1400 c.p.s. 
Expressions for the velocity potential, sound pressure, 
particle velocity and wave impedance are taken from 
Rayleigh, Vol. 2, page 161 ff. The theory shows that in 
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the neighborhood of a normal frequency, the energy 
propagation along the tube axis disappears and the wave 
impedance mounts toa high value, with a resulting pressure 
increase at the source. Fig. 1 shows experimental proof of 
this for a frequency in the vicinity of one of the tube’s 
normal frequencies (3000 c.p.s.). For axial excitation of 
the tube, the lowest transverse mode (1500 c.p.s.) is not 
excited, the first resonance occurring at 3000 c.p.s. Thus 
the band of distortionless transmission as indicated by 
Rayleigh’s restriction is doubled and the measurements 
confirm this. The attenuation of the sound along the tube 
agrees with results published in an earlier paper. Curves 
of pressure distribution over the cross section of the tube 
show that a plane wave front exists for frequencies below 
3000 c.p.s. for axial excitation and below 1500 c.p.s. for 
eccentric excitation, but for higher frequencies high 
pressures alternate with low pressures. In order to measure 
relative propagation velocities and time of transmission a 
test tone was employed consisting of two slowly beating 
frequencies. The instantaneous difference of the beat 
minima which can be observed in the sound pressure 
curves enable one to observe the time of transmission 
between two points in the tube. In the frequency region 
below the first excited mode the sound velocity was found 
almost equal to that in free space (340 m/sec.). In_the 














Fic. 1. Curves of sound pressure at the beginning and end of the 
tube and transmission measurements near 3000 c.p.s. for axial tube 
excitation. 
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irregular region above that frequency, wave velocities as 
low as 29 m/sec. were observed. 

Interrupted sine wave trains were transmitted through 
the tube, and these exhibited the characteristics of no 
distortion below the first normal frequency and high dis- 
tortion above. The transmission of music and speech, 
which are essentially transient in nature, was accomplished 
by using a loudspeaker and microphone at the opposite 
ends of the tube. The higher tones were greatly distorted 
because of the longer transmission time and to the ear 
this takes the form of a burring and zipping sound. Investi- 
gation was made as to whether the use of exciting waves 
which are essentially plane would remove or reduce to a 
tolerable value the transmission distortion at higher 
frequencies. This was accomplished by locating the speaker 
at some distance from the open end of the tube and on 
the axis. The distortion was limited to the frequency region 
above 3000 c.p.s., but in magnitude it was essentially 
invariant. It should also be noted that even for the lower 
frequencies, strong nonlinear distortions can occur, since 
any overtones present may fall in zones of high tube 
radiation resistance, with consequent displacements in the 
sound-pressure relations in the tube which are unfavorable 
to the fundamental. 

Interesting data were obtained by placing a velocity 
microphone in the tube which could be rotated on its own 
axis. For a plane wave the maximum particle velocity is 
in the direction of the tube’s axis, and experimentally this 
condition was obtained for the lower frequencies. One 
interesting case showed that for a frequency in the region 
of a normal mode, there was, in addition to the component 
of particle velocity along the axis of the tube and the com- 
ponent due to the transverse mode perpendicular to the 
axis, also a vortical motion. Rayleigh‘ has already referred 
to the possibility of the existence of sound vortices in 
Kundt tubes.—L. BERANEK. 


1 Lord Rayleigh, Theory of Sound, II (Macmillan, 1878), p. 161. 
2H. E. Hartig and C. E. Swanson, Phys. Rev. 54, 618 (1938). 
3 W. Burk and H. Lichte, Elektr. Nachr.-Techn. 15, 78 (1938). 
4Lord Rayleigh, Phil. Trans. Roy. Soc. London 1, 175 (1883). 


Sound Propagation in the Atmosphere. E. WAETZMANN, 
J. ScHotz anp H. Krucer, Akust. Zeits. 3, 245 (1938).— 
In this paper the author describes large scale measure- 
ments on the propagation of sound in air over path lengths 
of several kilometers. These measurements show that 
under certain conditions, but not all, a correction factor 
to the inverse square law is necessary to take account of 
absorption in the atmosphere. In order to avoid attenua- 
tion along the surface of the earth, an airplane was used 
and both the sound of its motor and that of shots fired 
from it served as point sources. Furthermore the airplane 
chosen was outfitted for weather observations, so that 
atmospheric conditions were known simultaneously with 
all measurements. 

’ For a homogeneous nonabsorbing medium we have the 
familiar quadratic relation, 


I,=Io/r’, (1) 


where J, is the sound intensity at a distance r and Jp the 
same at a distance of one meter from the source. Deviations 


FIRESTONE 
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Fic. 1. Sound level at observing point due to plane flying over at 
constant height. 


from this quadratic formula arise from inhomogeneity of 
the medium, influence of winds, distortion of the spherical 
shape of the wave such as is caused by transmission over 
the earth’s surface, and absorption. For the case of absorp- 
tion, it is desirable to retain the quadratic form, multiplying 
it by a damping term, 


T,= (Io/r?)e*", (2) 


Io is again the intensity at a distance of one meter from 

the source. 6 is the reciprocal of that distance at which the 

total intensity has decreased to the eth part. The difference 

between the sound levels at two distances 7; and ro from 

the source is expressed by 

L,—L2=20 logio (r2/r1) +4.36(r72—11). (3) 

Knudsen! and Kneser? have investigated experimentally 

and theoretically, from basic quantum considerations, the 

absorption of sound in gases, and have expressed the 
value of 6 as 

, RC, Roo 
CAC i+R)c +a? 





[m-], (4) 


wherein R is the gas constant, C, the vibrational internal 
heat capacity, C, the molecular specific heat for constant 
volume, c the wave velocity, k the reciprocal ef the mean 
life of the excited vibrational state, and w the angular 
frequency of the wave. For air rich in water vapor, Kneser 
gives the relation k=3.56-10°h? wherein h is the ratio of 
the number of water vapor molecules to the number of 
air molecules in a certain volume. This form will be used 
in this investigation. 

In the region from 500 to 11,000 c.p.s., Knudsen found 
experimentally for 20°C and a pressure of 760 mm Hg; 
dry air has little abscrption but when water vapor is 
admitted the absorption becomes greater and reaches a 
maximum at a certain concentration and falls off again. 
Kneser’s formula agrees well with these data except for 
very high values of h. Knudsen has further determined 
that the maximum absorption dmax is directly proportional 
to temperature for a constant frequency. Furthermore, 
the water vapor constant increases as the square root of 
the frequency under the conditions of constant tempera- 
ture and pressure. 

For the experimental results, Fig. 1 (A) shows curves of 
sound level vs. time taken for the airplane flying at a con- 
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Fic. 2. Sound level at observing point due to plane directly above at 
different heights. 


stant height directly over the observing point. Zero time 
corresponds to the maximum sound level and this also 
corresponds approximately to a position of the airplane 
directly above the observer. The measurements were made 
on a Siemens & Halske sound level meter. Fig. 1 (B) 
shows the same data plotted against the distance of the 
plane from the observer as abscissa. The curves break off 
naturally at the point where the distance from the observer 
as indicated on the abscissa is equal to the height of the 
plane. It is of interest especially to observe that for equal 
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distances, but with decreasing angle, the sound level 
decreases rapidly. 

For vertical heights between 250 and 2000 meters, data 
were taken which indicate that for normal atmospheric 
conditions the quadratic formula (1) is approximately 
correct. Another run, for heights between 800 and 5000 
meters, taken on a windy day shows a large deviation of 
the measured values from the quadratic formula. In this 
case, at 3500 meters height the temperature became about 
—5°C and the relative humidity about 36 percent. Under 
these conditions formula (4) gives 5=0.0003 for 300 c.p.s. 
At a height of 4500 meters the measured temperature was 
—12°C with a relative humidity of 34 percent, this giving 
a value of 6=0.0005 for 300 c.p.s. A calculated curve 
corresponding to the latter damping constant agrees the 
best with the experimental values. 

Figure 2 shows data for shots fired from the airplane. The 
experimental curve (A) agrees with the plot (B) of the 
quadratic equation quite well. Curve (C) shows a case in 
which the air on the earth was quiet, but at a height of 
about 1800 meters the relative humidity varied almost 
sharply from about 60 percent to 30 percent. A mean 
value of 5=0.0006 would fit this curve the best.—L. 
BERANEK. 


1V. O. Knudsen, J. Acous. Soc. Am. 3, 126 (1931); 5, 112 (1933). 
2H. O. Kneser, J. Acous. Soc. Am. 5, 122 (1933). 
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References to Contemporary Papers on Acoustics 


OST of the titles of papers appearing in other languages than English have been translated; 
the clue as to the language in which the article is written can usually be found by noting the 


name of the journal in which it appears. 


Abstracts in English of many foreign papers have ap- 


peared or soon will appear in Science Abstracts, Section A. Where references are made to Science 
Abstracts, the reference is to the volume number and abstract number. The abbreviations of the 
names of journals are those used in Science Abstracts and can be found in any annual index to 


those abstracts. 


The numbers appearing at the head of each entry are the numbers 


which identify the subject 


headings in the Cumulative Index of this journal which is to appear soon, 


Compiled with the generous assistance of F. E. Orton, Physics Librarian, University of Michigan. 


2. ARCHITECTURAL ACOUSTICS 


2.1 Architectural Acoustics. P. R: Heyt anp V. L. 
CurisLER. Nat. Bureau Stand. Circ. C418, 11 p. 
(1938). 

2.2 New Results on Room and Building Acoustics. Kurt 
Scuuster. V. D. I. 82, 921-7 (1938). 

2.2 Acoustical Hood for Miultiple-use Auditorium, 
Wolverhampton, England. Arch. Rec. 84, 58-9 
(1938). 

2.2. General Room Acoustics Considerations in Electro- 
acoustic Sound Absorption. Erwin Meyer. Kino- 
technik 20, 183-186 (1938). 


2.2 The Acoustical Design of Broadcasting Studios. J. 
McLareEN. World Radio 27, 14-15 (1938). 

2.2 Belgium’s Broadcasting House (and the Acoustic 
Treatment of the Studios). Wireless World 43, 367 
(1938). 

2.4 On the Possibility of Obtaining High Coefficients of 
Sound Absorption by Using Systems of Resonators. 
S. N. RscHEVKIN (RZEVKIN) Comptes Rendus 
(Doklady) de l’Acad. des Sciences, U.S. S. R. (N. S.) 
18, 25-30 (1938): (Abs.) Physik. Ber. 19, 2379 (1938). 

2.4 Plywood as an Acoustical Material. Am. Bld. 60, 56 
(1938). 
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4. Ear AND HEARING 


A Suggestion for a Practical Definition of Tone. K. 
W. Wacner. Hochfrequenztechn. u. Elektroakustik 
52, 14-18, 1938: (Abs.) Physik. Ber. 19, 2371 (1938). 
Proposal for a Practical Definition of Loudness. K. 
W. Wacner. Hochfrequenztechn. u. Elektroakustik 
52, 14-18 (1938): Sci. Abs. B41, 3112 (1938). 

New Method for Determining the Uniaural Differ- 
ential Threshold. J. W. HuGues. Phil. Mag. 26, 635- 
50 (1938). 

Masking Effect of Noise and the Mechanism of 
Hearing. H. FLETCHER. Proc. Nat. Acad. Sci. 24, 
265-74 (1938): Sci. Abs. A41, 4188 (1938). 

Hearing During Noise. Physiological Effect. Y. 
RocarD. Rev. d’Acoustique 7, 37-38 (1938): Sci. 
Abs. A41, 4614 (1938). 

On the Frequency of Alternating Current and the 


* Pitch of the Tone during Electrical Stimulation on 


the Auditory Apparatus. A. ARAPOVA AND G. 
Gersunl. Techn. Phys., U.S. S. R. 5, 447-62 (1938). 
The Electrical Phenomenon of the Internal Ear and 
its Role in the Theories of Audition. J. A. REBOUL. 
J. de Physique et le Radium 9, 428-36 (1938). 

The Case For, and Some Implications of the Place 
Theory of Hearing. Ltoyp A. JEFFREsS. Psycho- 
logical Rev. 46, 31-45 (1939). 


5. INSTRUMENTS AND APPARATUS. APPLIED ACOUSTICS 
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5.8 


5.10 


5.13 


The Determination of the Positions of Resonance in 
Tubes by Galvanometrical Deviation. C. SALCEANU 
AND C. IstrATy. Comptes Rendus 206, 329 (1938). 
Maintenance and Stabilization of Singing Flames. 
Z. CARRIERE Rev. d’Acoustique 7, 20-36 (1938): 
Sci. Abs. A41, 4604 (1938). 

Regulating Grinding Feed with “Electrical Ear.” B. 
NORDBERG. Rock Prod. 42, 44-45 (1939). 

The Basis of the Magnetophon System. H. LUBEcK. 
A. E. G. Mitt. No. 9, 453-59 (1938): Sci. Abs. B41, 
3354 (1938). 

The Photography of Airscrew Sound Waves. W. F. 
Hitton. Proc. Roy. Soc. 169, 174-90 (1938). 
Making a Curved Diaphragm (for Loudspeaker). 
W. BREWER. Wireless World 43, 289-90 (1938). 
Concentric Folded Horn Design. A. J. SANIAL. 
Electronics 12, 16-18 (1939). 

Selecting Loud Speakers for Special Operating 
Conditions. L. B. HALLMAN, JR. Electronics 11, 22- 
24 (1938). 

Ground Type Loudspeaker. G. DuVIGNEAN. V. D. I. 
82, 935-36 (1938): Sci. Abs. B41, 3356 (1938). 


Invisible Loudspeakers. H. BENECKE. Telefunken 


Hansmitteilungen 19, No. 79, 66071 (1938). 


Fluid-level Indicator Useful in East Texas; Echo- 


Meter. G. WEBER. Oil and Gas J. 37, 44 (1938). 
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